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The prrsent invention relaxes generally to the 6eld of communication 
systems. More partictxlarly, the present invention relates to conmitmication systctns 
with multicairier telephony transport 

RMglf poiiml ^ Tnvention 

Two information sovices found in households and businesses today include 
television, or video, services and telephone services. Another information service 
involves digital data trmnsfer which is most frequently accomplished using a modem 
connected to a telephone service. All further references to telephony herein shall 
include bodi telephone services and digital data transfer services. 

Char«cteristics of telephony and video signals are di£ferent and therefore 
telepbooy axkd video networks are designed differently as well. For example, 
telephony information occupies a relatively narrow band when compared to the 
bandwidth for video signals. In addition, telephony signals are low frequency 
wherws NTSC standard video signals are transmitted at carrier frequencies greater 
than 50 MHr Accordingly, telephone transmission nctworics arc relatively narrow 
band systems which operate at audio frequencies and which typically serve the 
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customer by twisted wire drops from » curt>^de junction box. On the otbcr hind, 
' cable television services ire broad band and incorporate various frequency carrier 
mixing methods to achieve signals compatible with conventional vtry high 
frequency television receivers. Cable television systems or video services art 
typically provided by cable television con^Muoies through a shielded cable service 
connection to each individual home or business. 

One attempt to combine telephony and video services into a single network 
is described in U.S. Patent No. 4,977^93 to Balance entitled "Optical 
Communications Network.* Balance describes a passive optical communications 
network with an optical source located in a central station. The optical source 
transmits time division multiplexed optical signals along an optical fiber and which 
signals are later split by a series of splitters between several individual fibers 
servicing outstations. The network allows for digital speech data to be transmitted 
from the outstations to the central station via the same optical patL In addition. 
Balance irvf^ ^*^ that additional wavelengths could be utiliTed to add services, such 
as cable television, via digital imihiplex to the network. 

A 1988 NCTA technical paper, entitled •Fiber Backbone: A Proposal For an 
Evolutionary Cable TV network Architecture," by James A. Chiddix and David M. 
Pangrac, describes a hybrid optical fiber/coaxial cable television (CATV) system 
architecture. Tbe architecture builds upon existing coaxial CATV networks. The 
architecture includes the use of a direct optical fiber path from a head end to a 
number of feed points in an already existing CATV distribution system. 

U.S. Patent No. 5,153.763 to Pidgeon, entitled "CATV Distribution 
Networks Using Wave Transmission Lines," describes a CATV network for 
distribution of broad band, multichannel CATV signals from a bead end to a 
plurality of subscribers. Eleorical to optical transmitters at the head end and optical 
to electrical receivers at a fiber node launch and receive optical signals 
corresponding to broad band CATV electrical rignals. Distribution from the fiber 
node is obtained by transmitting electrical signals along coaxial cable transmission 



liDtt. Tbe system rtduces distortion of the truismitted broad baad CATV signals by 
block conversion of aU or part of the broad band of CATV signals to a frequency 
range which is lea than an ocuve. Related U.S. Patent No. S^62,S83 to Pidgeon, 
entitled "CATV Distribution Networks Using Light Wave Transmission Lines," 
fvirther describes the distortion reducing system. 

Although tbe above-mentioned networks describe various concepts for 
transmitting broad band video signals over various architectures, which may 
include hybrid optical Sbet/coax architectures, none of these references describe a 
cost effective, flexible, communications system for telephony communications. 
Several problems are inherent in such a communication system. 

One such problem is tbe need to optimize tbe bandwidth used for 
transporting data so that the bandwidth used does not exceed the allotted bandwidth. 
Bandwidth requirements are particulariy critical in multi-point to point 
communication where multiple transmitters at remote units must be accommodated 
such that allotted bandwidth is not exceeded. 

A second problem involves power consumption of the system. Tbe 
communication system should f^iniwiiy*^ the power used at the remote units for the 
transport of data, as the equipment utilized at tbe remote units for transmission and 
reception may be supplied by power distributed over the transmission medium of 
the system. 

Another problem arises from a fault in the system preventing communication 
between a bead cod and multiple remote units of a multi-point to point system. For 
example, a cut transmissioo line from a bead end to many remote units may leave 
many users without service. After the fault is corrected, it is important bring as 
many remote units back into service as quickly u possible. 

Data integrity must also be addressed. Both internal and external 
interference can degrade the communicaxiotL Internal interference exisu between 
dau signals being transported over the system. That is, transported data signals 
over a common communication link may experience interferet^ therebetween. 



deotftsixigtbe integrity of tbedati. Ingrtss from cxtexiiAl sources can tiso effect the 
integrity of dau tnnsmissions. A telephony communication network is susceptible 
to "noise" genemed by extemil sources, such as HAM ndio. Because such noise 
can be intermittent and vary in intensity, a method of transporting data over the 
system should correct or avoid the presence of such ingress. 

These problems and others as will become apparent from the description to 
follow, present a need for an enhanced communication system. Moreover, once the 
enhanced system is described, a number of practical problems in itt physical 
realization are presented and overcome. 

Another embodiment provides a method and apparatus for a ftst Fourier 
transform. Tliis invention relates to the field of electronic communicatioo systems, 
and more specifically to an improved method and apparatus for providing a hsi 
Fourier tnnsform fFFTO. 

There are many advanced digital signal-processing applications requiring 
analysis of large quantities of dau in short time periods, especiaUy where there is 
interest in providing "real time* results. Such applications inchide signal processing 
in modems which use OFDM (orthogonal frequency division multiplexing). In 
order to be useful in these and other applications. Discrete Fourier Transform (DFT) 
or Fast Fourier Transform (FFT) signal processors must accommodate large 
numbers of transforms, or amounts of data, in very short processing times, often 
called high dau tfarou^xpuL 

In addition to the speed and data*throughput requirements, power 
consumption is a major concern for many applications. In some signal*processing 
applications, power is supplied by portable generation or storage equipment, such as 
batteries, where the ultimate power available is limited by many environment In 
such applications, processor power consumption must be u low as possible. Oik 
useful measure of utility or merit for FFT processors is the energy dissipation per 
transform point Ultimately, one key problem with any FFT processor is the amount 
of power consumed per transform. Generally, high-performance, efficient FFT 



processor! exhibit energy dissipations per nnsfonn in the ringe of 100 to 1000 
times log]N ninojouies, where N is the number of points in a given tnmsform. As a 
consequence, reasonably large transforms reqtiired to process large arrays of dat&, 
resuJt in large power consumption. 

Machine-implemented computation of an FFT is often sinq)lified by 
cascading together a series of simple multiply-and-add stages. When a recursive 
prt>cess is used, dau circulates through a single stage and the computational 
structure of the stage is made variable for each circulation. Each circulation through 
the stage is referred to as a *pass". 

A plurality of computational elements, each known as a radix-r butterfly, 
may be assembled to define a single stage for canying out a particular pass. A 
radix-r btitterfly receives r input signals and produces a corresponding nimiber of r 
output signals, where each output signal is the weighted sum of the r input signals. 
The radix number, r, in essence, defines the number of input components which 
contribute to each output component 

By way of example, a rftdix*2 butterfly receives two icqnit signals and 
produces two output signals. Each output signal is the weighted sum of the two 
input signals. A radix*4 bunerfly receives four input signals and produces four 
corresponding output signals. Each output signal of the radix-4 butterfly constitutes 
a weighted smx of the four ii^ut signals. 

Completion of an N*point Fast Fourier Transform (FFT) requires that the 
product of the butterfly radix values, taken over the total number of stages or passes, 
equals the total point count, N. Thus, a 64-point FFT can be performed by one 
radtx-64 butterfly, or three cascaded stages where e^ stage has sixteen radix-4 
butterflies (the product of the radix values for stage-1 and stage*2 and stage-3 is 4 x 
4 X 4 - 64), or six cascaded stages where each of the six suges comprises 32 radix-2 
butterflies (the product of the radix vilues for stage-l through stage-6 is 2 x 2 x 2 x 
2 X 2 X 2 - 64). 

A multi-stage or multi-pass FFT process can be correctly carried out under 
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cooditioas wbere the number of butxerfly elements chinges from one ptss (or stage) 
to the next and the ndix value, r,of the butterfly elements also changes from one 
pass (or stage) to the oexL A paper by Gordon DeMuth, 'ALOORTTHMS FOR 
DEFINING MIXED RADIX FFT FLOW GRAPHS", IEEE Transactions on 
Acoustics, Speech, and Signal Processing. Vol 37, No. 9, September 1989. Pages 
1 349*1 3S8, describes a geoendized method for performing an FFT with a 
mixed-radix system. A mixed-radix system is one wbere the radix value, r, in one 
stage or pass is different from that of at least one other stage or pass. 

An advantage of a mixed-radix computing system is that it can be "tuned" to 
optimize the signal*tD-Doise ratio of the transform (or mott coirectly speaking* to 
minimir^ the accumulated round-off error of the total transform) for each particxilar 
set of circumstances. By way of example, it is advantageous in one environment to 
perform a 512-point FFT using the mixed-radix sequence: 4, 4, 4, 4, 2. In a 
different environment, it may be more advantageous to use the mixed-radix 
sequence: 4, 2, 4, 4, 4. Round-off error vanes within a marhinr of finite precision 
as a function of radix value and the peak signal magnitudrt that develop in each 
stage or pass. 

In addition, it may be advantageous to scale intermediate results between 
each stage or pass, in order to »wintmirg roundK>ff errors and the problem of 
overflow. Further, it may be advantageous to vary the amount of scaling performed 
between each pass, e.g., either to scale by 1/4 between each rBdix-4 stage or to scale 
by 1/2 for some stages and 1/8 for other stages. 

Heretofore, FFT processors genenlly fetched dau values from their working 
storage in a serial manner, thus limiting the speed which could be obtained. Further* 
current FFT processon generally were limited in speed by loading the working 
storage with input values, then processing the dau in the working storage, then 
unloading the result values. 

There are many advanced digital sigxul-processing applications requiring 
analysis of large quantities of dau in short time periods, especially where there is 
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iotocft in providing "real time" results. Such ippUcitions include signil processing 
in modems which use OFDM (ortbogonil frequency division multiplexing). 

One need in the an is for in accunte analog-to-digital convemon (ADC) at 
moderate frequencies having limited bandwidth. One technology known in the art is 
the •^igma-Delta" ADC which provides very good resolution (high number of bits 
in the digital result), but only for signals whose converted signal bandwidth is low. 

Another need is for an ADC which provides bandwidth-limited digital I and 
Q signals (representing ampUtude and quadrature) for a 200 kHz bandwidth received 
analog modem signal, wherein the digital result has very high resolution and 
accuracy. 

What is needed is a method and apparatus which a dd res a cs the above 
problems in the ait. 

<;»mmafv of the Invention 
The present invention describes a multi-point to point co mm u nic a ti on 
system including multicarrier telephony transport The multi-point to point 
communication system includes a hybrid Sber/coax distribution network. A head 
end terminal provides for downstream transmission of downstream control dau and 
downstream telephony information in a first frequency bandwidth over the hybrid 
fiber/coax distribution network and reception of upstream telephony information 
and upstream control dau in a second frequency bandwidth over the hybrid 
fiber/coax distribution iketwork. The head end terminal includes a bead end 
multicarrier modem for modulating at least downstream telephony information on a 
plurality of orthogonal carriers in the first frequency bandwidth and demodulating at 
least upstream telephony information modulated on a plurality of orthogonal carriers 
in the second frequency bandwidth. The head end terminal further includes a head 
end controller operatively connected to the head end multicarrier modem for 
controlling transmission of the downstream telephony information and downstream 
control data and for controlling receipt of the upstream control data azKl upstream 
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iclqAony informitioa Tbc system further includes tt letst ooe service uniu each 
service unit assoctited with at least one remote unit axKi opendvely coooected to the 
hybrid fiber/coax distributioD network for upstream transmission of upstream 
telephony information and upstream control dau in the second frequency bandwidth 
and for receipt of the downstream control data and downstream telephony 
inforaution in the first frequency bandwidth. Each service unit incltides a service 
uni t multicania modem for modulating at least the upstream telephony information 
on at least ooe carrier orthogonal at the head end to at least ooe other carrier in the 
second frequency bandwidth and for demodulating at least the downstream 
telephony information modulated on at least a band of a plurality of orthogonal 
carriers in the first frequency bandwidth. Each service unit also includes a service 
unit controller operatively connected to the service unit muhicarrier modem for 
controlling the modulation of and demodulation performed by the service unit 
multicarrier modem. 

Another embodiment preventt untoward spectral effects in the multicarrier 
signal from variations in channel activity and from highly repetitive dau patterns in 
the payload channels. Data is the payload channels can be scrambled with 
pseudorandom tfqurncfi, and different sequeoocs can be applied to different 
channels in order to produce a more balanced multicarrier spectrum. 

In aoodker embodiment, the plurality of orthogonal carriers in the first 
frequeiKy bandwidth include at least one control channel for transmission of 
downstream control data and a plurality of telephony information channels for 
transmission of downstream telephony informatioa Further, the plurality of 
orthogonal carriers in the second frequency bandwidth include at least one control 
channel for transmission of upstream control dau and a plurality of telephony 
information channels for traxumission of upstream telephony information. 

In other cmbodimenu, a plurality of control channels are interspersed among 
the telephony information channels in the first frequency bandwidth and a plurality 
of control chaimels are interspersed among the telephony channels of the second 



fttqucocy btadwidth. Tbc telephony chanoels miy be divided into subbtnds each 
having multiple diu or paylo^J channels and a control channel; this aUows the 
remote modems to be ttalized as less expensive, and/or better performing narrow- 
band modems. 

The clock signals for generaung the carhexs and the symbob representing 
the transmitted data may be locked to each other or generated from the same source, 
to reduce inicrsymbol interference significantly. 

Another technique for reducing intersymbol i nte r f eren ce is the transmission 
of each symbol with more than 360* of phase in one cycle of hs carrier, in order to 
allow some leeway in tracking the phase of a channel carrier in a receiving modem. 

Some applications demand more or different error detection and correction 
capability than others. An embodiment is shown which handles both unencoded 
parity-type detection/correction and more multiple types of more powerftd methods, 
such as Reed-Solomon encoding, in a transparent, real-time £uhion, by packing the 
data words differently for each case. Moreover, the processor loading involved in 
these errorKorrection techniques can be spread out in time, to that not all channels 
need to be handled at the same time. This is accomplished by staggering the 
beginning times of different dau messages. 

In another embodiment, the at least one seoacc unit includes a service 
modem for upstream transmission of upstream telephony infonnation and upstream 
control dau within a channel band of the second frequency bandwidth 
corresponding to one of the channel bands of the first frequency bandwidth in which 
the service modem receives downstream telephony information and downstream 
control information. Alternatively, the at least one service unit includes a 
multi-service modem for upstream transmission of upstream telephony information 
and upstream control data within a plurality of channel bands of the secoxKi 
frequency bandwidth corresponding to a plurality of the channel bands of the first 
frequency baiKlwidth in which the multi-service modem receives downstream 
telephony inforrnation and downstream control inforaiation. 
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In still uother embodiment the plunlity of control chmnels of tbe fint 
freqxiency bandwidth ind tbe plurality of control channels of ^ second frequency 
bandwidth each include at least one synchronization channel. 

In other embodiments, different modulation techniques are utilized for 
different carriers. For example, different modulation techniques are utilized for 
different telef^ny channeb. As another example, tbe aforementioned IOC 
channels may be modulated as differential binary phase-duft keyed (BPSK) signals, 
while the payload data channels arc modulated as S-btt quftdrature amplitude 
modulated (QAM32) signals, in order to enhance the use of IOC channels for 
subbaxKi tracking, and for other purposes. Tbe constellation iSefining the modulated 
signals can be constructed to achieve a fninimji number of bit exrors for small errors 
in amplitude or phase of tbe received signal; broadly, the constellation points are 
mapped to bit combinations in a scheme analogous to a Gray code. 

A communicatioo system which addresses the problems inherent in tbe 
system, in partiailar. ingress problems is also described. Tbe communication system 
ixKludes a distribution network between a bead cod tenniiul and at least one remote 
unit Tbe bead end terminal receives upstream telephony informatioQ and upstream 
control data in a frequency bandwidth over tbe distribution network. Tbe bead end 
terminal iiKludes a bead cai multicartier demodulator for demodulating at least 
upstream telephony information (nodulated on a plurality of orthogonal carriers in 
the frequency bandwidth. Tbe demodulator includes at least one polyphase filter for 
filtering the at least upstream telephony information modulated on the phinlity of 
orthogonal carrien to provide ingress protection for the modulated orthogotial 
carriers. Tbe bead end terminal also includes a bead end controller operatively 
connected to tbe bead end multicarrier demodulator for controlling receipt of the 
upstream control data sikI upstream telephony information. Tbe system further 
includes at least one service unit modulator, each service unit modulator associated 
with at least one remote unit aiKi operatively connected to the distribution network 
for modulating at least upstream telephony information on at least one carrier 
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onbogOQil It tbe bead cod tenninil to at least ooe other carrier id tbe firtquency 
bandwidth. Tbe syftexn also iocludes a service unit controller opexatively connected 
to tbe service unit multicaxrier modulator for controlling the modulation performed 
by the service unit multicarrier modulator. 

In a2K>ther embodiment, tbe plurality of orthogonal carriers in tbe frequency 
bandwidth iiKlude a plurality of telephony information channels Un tmsmission of 
upstream telephony information after modulation of telephony information thereon 
and at least ooe control channel associated with the plurality of telepbony channels 
for transmission of upstream control data thereon. Here alao. the IOC may be placed 
in the midpoint of tbe subbarMis. 

In another embodiment, the at least ooe polyphase filter includes a fint and 
second polyphase filter. Tbe first polyphase filter filters a first plurality of channel 
sets and passes a fint plurality of at least telephony channels within each channel set 
of the first plurality of channel sets. Tbe secoi»d polyphase filter filters a second 
plurality of channel sets and passes a second plunlity of at least telepbony channels 
within eads channel set of tbe second plurality of channel aets. Tbe first and second 
polyphase filter are ofSuX from one another such that all at least telepbony channels 
of the first and second plurality of chaimel sets are passed. In azx>ther embodiment, 
the polyphase fihen include at least two overtaking polyphase filters. 

In another alternate embodiment, the demodulator includes a tunable notch 
filter for filtering the at least upstream telephony informatioo modulated on a 
plurality of orthogonal carriers to prevent passage of corrupted modulated 
orthogonal caniera. 

In additioQ, a method of polyphase filtering in a communication system is 
also described. Tbe metbod includes receiving a plurality of orthogonal carriers 
having modulated telephony information thereon. Tbe plurality of orthogonal 
carriers include a first aiKl second plurality of noncontiguous channel seu. The first 
plurality of rK)ncontiguous channel sets are filtered and a first plurality of chaimels 
of each chaimel set of the first plurality of noncontiguous chaxmel sets are passed. 
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The second plunlity of noDcontiguous chanocl $cu are filtered and t second 
plunlity of chinncls of etch channel set of the second plundity of noncontiguous 
channel sets ixe also passed The second plurality of channeU passed include 
channels of the first plurality of noncontiguous channel sets not passed when 
filtering the 6itt plurality of noncontiguous channel sets. 

A receiver apparams is also described which receives a frequency bandwidth 
having a plurality of modulated orthogonal carriers. At least one polyphase filter 
provides ingress protection for the frequency bandwidth by filtering a pluraUty of 
channel sets of the modulated orthogonal carriers. 

The use of channel monitoring to address some of the problems inherent in a 
multi-point to point communication system, in particular, with respect to ingress, is 
also described. The monitoring oaethod of the present invention moniton a 
telephony communication n-bii channel wherein one of the bits is a parity bit The 
parity bit of the n-bit channel is sampled and a probable bit error rate is derived from 
the «wipiing of the parity bit 

In one embodiment, 4e probable bit error rate over a time period is 
compared to a predetermined bit error rate value representing a minimum bit error 
rate to determine ifthcn-bit channel is corrupted. A corrupted channel can then 
either be reallocated or, in another embodiment, the transmission power of the 
chaimel can be increased to overcome the corruption. 

In an alternate method embodimcnu the method comprises the steps of 
sampling the parity bit of the n-bit channel over a firrt time period, deriving a 
probable bit error rate from the sampling of the parity bit over the first time period, 
comparing the probable bit error rate over the first time period to a pre-dctermined 
bit error rate value to determine if the n*bit channel is corrupted, and accumulating a 
probable bit error rate over a plurality of successive time periods if the n-bit channel 
is not corrupted. 

In another alternate method embodiment, the method comprises the steps of 
sampling the parity bit of the n-bii channel and deriving a probable bit error rate 
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from tbc sampling of tbc parity bit over a first time period. The probable bit error 
rate over tbe first time period is compared to a first pctdctcnnined bit error rate 
value to determine if the n-btt channel is corrupted. A probable bit error rate from 
the sampling of the parity bit over a second time period is derived. The second time 
period is longer than the first time period and runs coocuiTcntly therewith. The 
probable bit error rate over the second time period is compared to a teccod 
predetermined bit error rate value to determine if the n-bit channel is corrupted. 

In yet another alternate embodifflcnu t method fior monitoring at least one 
telephony communication channel includes equalizing a signal on tbe channel and 
monitoring the equalization of the signal to produce a probable bit error rate as a 
function of the equaiizatioiL 

In still yet a2x>ther alternate embodiment, a method for monitoring at least 
one unallocated telephony communication channel includes periodically monitoring 
the at least one unallocated telephony communication channel. Error data for the at 
least one unallocated telephony communication channel accumulated and the at least 
one unallocated telephony commimicatioo channel is allocated based on the error 
data. 

A multi-point to point commxmication system utilizing a distributed loop 
method is also described. Tbe communication system in accordance with the 
present invention includes a distribution network and a head end terminal for 
downstream transmissioo of downstream control dau and downstream telephony 
information in a first frequency bandwidth over the distribution networiL Thchead 
end terminal receives upstream telephony information and upstream control data in 
a seoood fiwiuency bandwidth over the distribution network. The head end terminal 
further includes a head end multicarrier modem for modulating at least downstream 
telephony information on a plurality of onhogonal carrien in the first frequeiKy 
bandwidth and demodulating at least upstream telephony information modulated on 
a plurality of orthogonal carriers in the second frequency bandwidth. A head end 
controller is opermtively coimecied to the head end multicarrier aK>dem for 
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controlling tmxsmission of tbc downstream telephony infonnition tad downstream 
control data and for controlling receipt of tbc upstream control data and upstream 
telephony information Tbe system includes a plurality of service units. Each 
service unit is associated with at least one remote unit and operstively connected to 
the distribution network for upstream transmission of upstream telephony 
information and upstream control data in the second frequency bandwidth and for 
receipt of tbe downstream control dau and downstream telephony infonnation in the 
first frequency bandwidth. Each service unit includes a service unit muhicanier 
modem for modulating at least the upstream telq>hony information on at least one 
carrier orthogonal to at least otkc other carrier in tbe second frequency bandwidth 
and for demodulating at least the downstream telephony informatioo modulated on 
at least a btnd of a plurality of orthogonal carriers in tbe first frequency bandwidth. 
P a r h service unit also includes a service unit controller operatively connected to the 
service unit muldcarrier modem for controlling the modulation of and demodulation 
performed by the service unit multicarrier modem. Tbe service unit controller 
adjusu at least one local transmission characteristic in response to an adjustment 
command from the bead end controller nansmitted in the downstream control dau 
to the at least one remote unit Tbe head end controller further includes a detector 
for detecting tbe at least one local transmission characterisdc of the service unit 
modem associated with the at least one remote unit and for generating tbe 
adjustment command as a function of the detected at least one transmission 
characteristic for transmittal to tbe service unit anoriatrd with tbe at least one 
remote unit in tbe downstream control data. 

Distributed system control is also employed for acquiring and tracking 
remote service uniu newly connected to (or activated within) the system. An 
acquisition proceu makes rough estimates of the frequency, phase, and data*symbol 
timing of tbe bead-end transmitter, calculates tbe round-trip delay of data to and 
from the bead end, and then tracks changes in the frequency, phase, and timing of 
tbe head end, all with minimal overhead to the transmission of payload data within 
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the system. A special DOD-viUdditasigoil is used to sigzultbe sun of a tra^^ 
pattern for acquisition purposes. Kiamtaining accurate power balancing or leveling 
among tbe remote units transmitting upstream to the head end is both necessary and 
difficult in a multipoint-u>-point multicarrier system. One embodiment of the 
invention uses both an automatic gain control or eqtiaiizier at the head ead and a 
transmitter output or power control at the remote end to achieve the oooflicting 
goals of wide dynamic nnge and high resolution amplitude oontroL 

Furthermore, communication system having a distribution network between 
a bead end and a plurality of remote units using a scanning method is described. 
Tbe system includes tbe transmission, from the head cad, of a plurality of modulated 
orthogonal canien having telephony information modulated thereon in a plurality of 
regions of a first frequency bandwidth. Each of tbe regions has at least one control 
channel MyvHf^H therewith having control information modulated thereoiL A 
scanner at the remote units, scans each of the plurality of regions in the first 
frequency bandwidth and locks onto tbe at least one control channel associited with 
each of the plurality of regions to detect a unique identifier to determine which 
region of the first frequency bandwidth the remote unit is to nine to and which 
region in a secotid frequency bandwidth the remote uoit is to tnmsmit withitL 

In another embodiment, the communication system includes a distribution 
nenvork between a bead end and a pluraUty of remote units. The head end includes 
a head end terminal for downstream transmission of downstream control data and 
downstream telephony information in a fint frequeticy bandwidth over the 
distribution network and for receipt of upstream telephony information and 
upstream control data in a second frequency bandwidth over the distribution 
network. The bead cad terminal tt»cludes a bead end multicanier modem for 
modulating at least downstream telephony informatioD on a plurality of orthogonal 
carriers in a plurality of regions of the first frequency bandwidth. The head end 
multicanier modem also demodulates at least upstream telephony information 
modulated on a plurality of orthogonal carriers of a plurality of regions in the second 
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fitqueacy bandwidth. The plurality of ortbogonal carriers in each of the regioas 
includes a plurality of telephony information channels for transmission of telephony 
information thereon with each of the regions having at least one control channel 
associated therewith for transmission of control data. The head end terminal also 
includes a head end controller operatively connected to die head eod multicarrier 
modem for controlling transmission of the downstream telephony information and 
downstream control data and for controlling receipt of the upstream control data and 
upstream telephony information. The system further includes a plurality of service 
unit modems with each sernce unit modem associated with at least one remote unit 
and operatively connected to the distribudon network for upstream transmission of 
upstream telephony information and upstream control dau in one of the plurality of 
regions of the second frtqxiency bandwidth and for receipt of the downstream 
control data and downstream telephony information in one of the plurality of regions 
in the first frequency bandwidth. Each service unit modem includes a scanner for 
•r^wnifig of the plurality of regions in the first frequency bandwidth and for 
locking onto the at least one control channel in each of the plurality of regions to 
detect a unique identifier for each service unit modem to determine which region of 
the first frequency bandwidth the service unit modem is to tune to and which region 
in the secor^ frequency bandwidth the service unit modem is to transmit within. 

This invention further provides a three-part RAM structure, the fuxKtions of 
which can be permuted between input, conversion, and output functions. In one 
embodiment, the conversion RAM section is configured to offer four values to be 
acoetaed simultaneously in order to speed operations. 

In another embodiment, this invention relates to the field of electronic 
communication systems, and more specifically to an improved method and 
apparatus for providing a Sigma-Delu aruJog*to-digital conversion and decimation 
for a modem. 

According to another aspect of the invention there is provided a data 
delivery system having a head end connected to a plurality of remote subscribers 
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over a network, the dm origiMting from gcncril purpose digital computen, 
wherein the dau is transmitted to the remote subscriber? io a plurality of data 
channels, and at the start of a data transmission lessioou one or more channels are 
selectively assigned to carry the data between the bead end and the subscriber 
premises with each of the data chamois mainuining a substantially constant rate of 
data transfer between the bead end and the destination premise. Tbe system and 
method further allows that the number of assigned channels assigned to a particular 
subscriber can be changed from one connection to another to accommodate changes 
in overall system loading, but at all times miintaining a minimum number of 
assigned charmels so that a 'wtnimum rate of data transfer can be maintained 
between the bead end and a subscriber premise. Tbe system also provides 
asymmetrical operation so that d)e number of data channels assigned in the 
downstream path from the head end to the subscribers is much greater in number 
than the number of upstream data charmels. 

Accortling to aiK)ther aspect of the invention there is provided a 
system of computer dau and telephony data transmission over a telecommunications 
network having a head end connected to a plurality of remote subscribers, the 
computer dau originating from gexKral purpose digital computers, and the 
telephony dau received from or conveyed to the public telephone network. The 
system comprises transmitting the computer dau and telephony dau to the remote 
subscribers in a plurality of dau charmels, and establishing a computer dau or 
telephony dau connection between the head end and a subscriber premise 
independently of otK another. Each of the computer dau or telephony dau 
coniwctions are established by assigning one or more of the dau channels to carry 
the computer dau aiKl one or more of the dau chani^b to cany the telephony dau 
with at least some of the dau channels being available to cany either computer dau 
or telephony data. Tbe system further alloN^? that the number assigned dau 
channels can be changed from one connection to inotber to the same subscriber so 
that the overall bandwidth of the network can be reallocated. 
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The system further allows that the data channels are transmitted using 
Radio Frequency (RF) signaling, and that the RF is soimbled, thereby providing 
dau security.' 

According to yet another aspect of the invention, the system allows 
that a computer dau received at the head end can initiate a oonoectioo to a remote 
subscriber, wherein the connection comprises the assignment of one or more data 
channels to carry the computer dau to the subscriber. 

According to yet another embodiment, the system 10 or SOO of the present 
invention includes an ATM modulator which can recdvt ATM dau and modulate it 
onto the HFC network. In one preferred embodiment, digital video dau is delivered 
over an ATM network, multiplexed and modulated onto the HFC in RF digiul 
OFDM format on daU connections established between the head end and a 
subscriber, as for example described above with respect to system 500. A digital set 
top box receives the digital video, for example in 4.0 Mbps MPEG or equivalent, 
and converts it to video for display on a televisioa A return path over a telephony 
or dau channel allows for interactive digital video. 

In another embodiment, a method for transmitxing dau over a 
telecommunication system from a be^ end to a service unit is provided. The 
service unit is asstgixd to subband of a transmission channel of die 
telecommunication system. The subband includes a number of payload channels 
that transmit dau at a first rate aad a control channel that transmits dau at a 
secoiKl rate. The secotkl rate is slower than the first rate. The system receives a 
request to transmit dau to a service unit at the second, slower rate. The system 
further determixtes whether to transmit the dau at the first, faster, rate based on 
the size of the dau. When a payload channel inihe subband is available to 
transmit the dau at the first rate, the system allocates the payload channel to 
transmit the dau to the service unit over the payload channel at the fust rate. 
When the payload channels are allocated to service unio and at least one of the 
allocated payload channels is idle, the system allocates the idle payload channel to 
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tnosmit the dita to cfae service unit over the payload ctainoel at the first rare. 
This metbod can be used to download software and transmission protocols as well 
as otber data that is not time sensitive. Further, the metbod advantageously 
provides Hexibility in providing bandwidth for tranamisstoo of data in the 
telecommunications system. 

In another embodiment, a telecommunications system dynamically allocates 
bandwidth among a plurality of service units. The system comprises a bead end that 
transmits data over a transmission medium to the service units. The bead end 
includes a modem circuit for narrow band transmissioo in at least one tr ansmiss ion 
channel. Each nansmission channel includes a number of subbands having a 
number of payload channels and a control channel in each subband. Further, a 
control circuit in the bead end assigns each service unit to a subband for 
transmission and receipt of datt. The control circuit also allocates a payload 
channel to a service unit in re^nse to a request for bandwidth for a service unit 

In another embodiment, the control circuit assigns a number of service units 
to each subband. The cotmol circuit dynamically allocates bandwidth to the service 
units for selective use of the payload channels in the subband. This increases the 
number of service units that can be coupled to the system. 

In another embodixnenu a method for dynamically allocating bandwidth to a 
service unit in a telecommunications system is provided. The system uses a multi- 
channel transxtiission scheme with transmissioo channels that include a number of 
subbands. Each subband further includes a number of pay load channels. The 
metbod begins by receiving a request for a payload channel for a service unit that is 
assigned to a first subband. The metbod selecu an available payload channel in the 
first subband and determines if the payload channel is acceptable for providing 
service to the service unit, e.g., acceptable transmissioo quality. When the payload 
channel is acceptable, the metbod allocates the payload channel to the service unit. 
When, however, the payload channel is unaccepuble, the method selects other 
channels to find an acceptable payload channel. 



20 

In uotber embodiment a telecommunications system implements a method 
for allocating (»yload channels for a seivice thai use multiple payload channels to 
communicate with a service unit The system assigns an identiSer for each payload 
channel that indir^^^H the relative order of the multiple payload channeb for the 
seivice. The system further monitors the quality of the payload channels of the 
system. When the quality of one of the multiple payload channels drops below a 
threshold, the system allocates a different payload channel to replace the original 
payload channel for the service. Once reallocated, the system uses the identifier for 
the original payload channel so that the proper order for the allocated payload 
channels is Tr"»»*'^ by the service irrespective of the order that the payload 
channeb are received at the aexvice unit 

In another embodiment a telecommunications system provides a method for 
using an upstream payload channel to inform the bead end of erron that occur in 
downstream payload channeb. The system, monitors a downstream transmission 
channel at a service imit for transmission erron. Further, the system generates a 
signal at the service unit that indi^^*^ transmission errors in the downstream 
payload channel. The system also transmits the signal to the head etui on an 
associated upstream payload channel thus allowing the head etui to monitor and 
respond to the performance of the service unit and associated payload channels. 

In another embodiment a method for controlling a plurality of service units 
in a telecommunication system is provided. The method first assigns an identifier to 
each service unit Tbe method further assigns e%ch service unit to a subband of a 
transmission ^Kfi^^i of a narrow band transmission scheme. In the transmission 
channet each subband includes a control channel for receiving and transmitting 
control signals. The method broadcasts tbe control signab for the service units over 
the control channeb. Tbe method identifies the terminal to use the control signal 
with the identifier. 

In another embodiment a service unit for use with a communication system 
transmits signab with a narrow baxKl traxumission scheme. Tbe transmission 
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chiDDel is divided into a number of subbands with each subband including a number 
of pay load channels and a control channel. The service unit includes a modem that 
is tunable to receive telephony and control signals on a subband of a transmission 
channel. The service unit further includes a controller circuit coupled to the modem 
to receive control signals over the control channel and to determine which control 
signals to use to control the operation of the modem. The setvice unit also includes 
internee circuiu coupled to the controller for providing signals to a channel unit. 

In another embodiment, a method for controlling power usage at a service 
unit of a telecommunications system is provided. The method comprises 
determining the type of service sq>ported by each line of a service unit When the 
service unit supports analog telephony service, the method determines the hook 
stams of all of the lines of the service unit When the lines are on-hook, the method 
powers down the service units to conserve power usage until a request is received to 
use a line of the service unit 

The present invention describes a method of establishing communication 
between a head end and a plurality of remote units in a muhi^point to point 
communication system, such as when a fault as described above has left many users 
of the system without service. The method includes transmitting information from 
the head end to the plurality of remote units in a plurality of regions of a first 
frequency bandwidth. Each of the regions has at least one control channel 
associated therewith. The information transmitted mcludes identification 
information corresponding to each of n remote uniu of the plurality of remote units. 
Such information is periodically transmined for the n remote units from the head 
end on the at least one control channel of one of the plurality of regiotu of the first 
frequency bandwidth during a first predetermined time period The identification 
information for each of the plurality of n remote units is transmitted out of phase 
with respect to the identificatioo information for the other of the n remote units. At 
each of the n remote units, the at least one control chaimel of each of the plurality of 
regions in the first frequency bandwidth is scanned to detect identification 
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infonnatioD corrtspoodiog to each of the o fcmote units to identify a ptrticular 
region of the plurality of regions thii each of the n remote units is to use for 
receiving information from the bead end. 

In one embodiment* a region is identified in a second frequency bandwidth 
in which each of the n remote units is to transmit within. The method further 
includes serially performing synchronization for each of the n remote units for 
communication with the bead end, during a second predetermined time period after 
the first predetermined time period. 

A multi-point to point communication synem having a distributioo network 
between a head end and a plurality of remote units for accomplishing the above 
method includes means for transmitting information from the bead end to the 
plurality of remote units in a plurality of regions of a first frequency bandwidth. 
Each of the regions has at least one control channel assoc i ated therewith. The 
transmitting means further periodically transmits identification information 
corresponding to each of a set of n remote units of the plurality of remote units on at 
least one control channel of one of the plurality of regions of the first frequency 
bandwidth during a first predetermined time period of an identification and 
synchronization time period. The identification information for each of the plurality 
of n remote units is transmitted out of phase with respect to the identification 
information for the other of the n remote units. The system further includes at each 
of the n remote units, means for scanning the at least one control chaimel of each of 
the plurality of regions in the first frequency bandwidth to detect identification 
information during tbe first predetermined time period corresponding to each of the 
n remote units to identify a pardcular region of the plurality of regions that each of 
the n remote units is to use for receiving information from tbe bead cod. Further, at 
each of tbe n remote units, tbe system includes means for modulating at least 
upstream telephony information on at least one carrier in a second frequerKy 
bandwidth orthogonal at the head end tennixul to at least one other canier in the 
second frequency bandwidth axul for adjusting at least one local transmission 
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chanctehstic ia response to an adjustment command from the bead ead. Means ai 
the bead end for detecting tbe at least one local transmission characteristic of each of 
the n remote units and for generating tbe adjustment commai^ as a function of tbe 
detected at least one transmission characteristic for transmittal to tbe n remote units 
to serially perform synchronization for each of the n remote unitt during a second 
predetermined time period of the identification and synchronization tin>e period is 
also included in the system. 

The present invention is a hybrid fiber/coax video and telephony 
communication network which integrates bi-directional telephony and interactive 
video services into one network including optical fiber and cosdal cable distribution 
systems. Tbe present invexition utilizes optical fiber as the transmission medium for 
feeding a plurality of optical distribution ixxles with video and telephony 
information from a head ezKi. Coaxial cable distribution systems are utilized for 
connection of tbe distribution nodes to a plurality of remote units. The bead end 
optically transmits tbe video informatioo dovmstream to tbe nodes where it is 
converted to electrical signals for distribution to the remote units. Telephony 
information is also optically transmitted to tbe nodes in frequency bandwidths 
unused by the video information. Tbe downstream telephony and video optical 
signals are converted to electrical telephony and video signals for distribution to the 
plurality of remote units. The network provides for transmission of upstream 
electrical dau signals, for example telephony signals, to the head end by 
transmitting &t>m the remote units upstream electrical data signals to tbe distribution 
nodes where such upstream electrical dau signals art converted to upstream optical 
signals for transmission to the head end. 

In one embodiment, the head end includes a first distribution terminal 
having at least one optical transmitter for transmitting optical dovmstream telephony 
signals on at least otte optical fiber. In addition, the head end includes a second 
distribution terminal having a separate optical transmitter for transmitting an optical 
downstream video signal on an optical fiber line. 
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Id iDOtber embodimeou tbe video and telq)boDy sigzud disthbutioo 
network tnnsmits opticti downstream video and telephony signals on at least one 
optical 6bcr in a first frequency bandwidth, b this embodiment, a second frequency 
bandwidth is reused for transmission of upstream electrical data signals generated at 
5 the remote units. The second frequency bandwidth is reused for transmission by 

each remote unit 

In another embodiment of the invention, a fiher is tirilirrd at service 
tmits which interface the coaxial distribution systems to user equipment The 
ingress filter allows for passage of downstream video signals to video equipment 
1 0 units and blocks downstream telephony signals transmitted in a different frequency 

bandwidth. 



P rWription of thg r>r«winys 

f f Fig\2re 1 shows a block diagram of a communication system in accordance 

--J with tbe present invention 'tt^nying § hybrid fiber/coax distribution 

Derwork; 

Q Figure 2 is an alternate embodiment of tbe system of Figure 1; 

^ Figure} is a detailed block diagram of a host digital terminal (HDT) with 

2jQ associated transmitters and receivers of the system of Figure 1 ; 

Figure 4 is a block diagram ofthe associated transmitters and receivers of 
Figure 3; 

Figure 5 is a block diagram of an optical distribution iK>de of the system of 
Figure 1; 

25 Figures 6. 7 are embodiments of frequency shifters for use in the optical 

distribution node of Figure S and the telephony upstream receiver of 
Figure 4. respectively; 
Figure 8 is a general block diagram of an integrated service unit (ISU) such as 
a home integrated service unit (HISU) or a multiple integrated 



25 

service unit (MISU) of Figure 1; 
Figxirts 9. 10, 1 1 show dau frime structures and frime signiJing utilizscd in the 
HDT of Figure 3; 

Figure 12 is a general block diagram of a coax master card (CXMC) of a coax 
5 master unit (CXMU) of Figure 3; 

Figure 1 3 shows a spectral allocation for a first transport embodiment for 

telephony transport in the system of Figure 1 ; 
Figure 14 shows a mapping diagnm for QAM modulation; 
Figure 1 5 shows a mapping diagram for BPSK modulation; 
10 Figure 16 showsasubbanddiagramforthespectralallocationof Figure 13; 

Figures 1 7, 1 8 show alternative mapping diagrams or constellations for QAM 
C3 modulation; 

*^ Figure 1 9 shows a timing diagram of an identification and synchronization 

□ process; 

L|5 Figure 20 fbows a timing diagram of a burst identification and synchronization 

"2 process; 

y Figure 21 is a block diagram of a master coax card (MCC) downstream 

C3 transmission architecture of the CXMU for the first transport 

embodiment of the system of Figure 1 ; 
^,^0 Figure 22 is a block diagram of a coax transport unit (CXTU) downstream 

receiver architecture of an MISU for the first transport embodiment 
of the system of Figure 1; 
Figure 23 is a block diagram of a coax home module (CXHM) downstream 

ivcciver architecture of an HISU for the first tran^rx embodiment of 
25 the of the system of Figure 1; 

Figure 24 is a block diagram of a CXHM upstream transmission architecture 
nyyiff^H with the CXHM downstream receiver architecture of 
Figure 23; 

Figure 2S is a block diagram of a CXTU upstream transmission architecture 
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^^ Y^\ mf0A with the CXTU downstream receiver architectuxe of 
Figure 22; 

is a block diagram of an MCC upstream receiver architecture 
t5yw>^«tM with the MCC downstream tnnsmission architecture of 
Figure 21; 

is a flow diagram of a acquisition distributed loop routine for use 
with the system of Figure 1; 

is a flow diagram of a tracking distributed loop architecture routine 
for use with the system of Figure 1; 

shows a coagnitude response of a polyphase filter bank of the MCC 

upstream receiver architecture of Figure 26; 

is an enlarged view of part of the magnimde re^nse of Figure 29; 

is a block diagram of an ingress filter structure and FFT of the MCC 

upstream receiver architecture of Figure 26; 

is a block diagram of a polyphase filter structure of the ingress filter 

structure aad FFT of Figure 31 ; 

is a block diagram of a carrier* amplitude, timing recovery block of 
the downstream receiver architectures of the first transport 
embodiment; 

is a block diagram of a carrier, amplitude, tuning recovery block of 
the MCC upstream receiver architecture of the first transport 
emhodimfflt; 

is a block diagram of internal equalizer operation for the receiver 
architectures of the first transport embodiment; 
is a spectral allocation of a second transport embodiment for 
transport in the system of Figure 1; 

is a block diagram of an MCC modem architecture of the CXMU for 

the second transport embodiment of the system of Figure 1 ; 

is a block diagram of a subscriber modem architecture of the HISU 
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for the secood tnospon embodiment of the system of Figure 1 ; 
Figure 39 is a block diignm of a modem of the subscriber modem architecture 
ofFigure38; 

Figure 40 is a block diagram for channel monitoring used in the system of 
Figure 1; 

Figures 4 1, 42, 43 are flow diagrams for error monitor portions of channel 

monitor routirtes of Figure 40; 
Figure 44 is an alternate flow diagram for the diagram of Figure 42; 
Figure 4S is a flow diagram for a background monitor portion of the channel 

monitor routiites of Figure 40; 
Figure 46 is a flow diagram for a backup portion of the channel monitor 

routines of Figure 40; 
Figures 47, 48 are a flow diagram of an acquisition distributed loop routine for use 

with another embodiment of the system of Figure 1 ; 
Figure 49 is a flow diagram of a downstream tracking loop for use with the 

embodiment of Figures 47 and 48. 
Figttre SO is a flow diagram of an upstream tracking loop for use with the 

embodiment of Figures 47 and 48 . 
Figure 51 is a block diagram showing the locking of all clocks within a system. 
Figures 32, S3 depict phase diagrams of symbol waveforms in an embodiment of the 

invention. 

Figures 54. 55, 56, 57 describe error rates and message-encoding methods for use in 
a system according to the invention. 

Figure 58 is a block diagram of a scrambler for use in the invention. 

Figure 59 is a block diagram of a control circuit for a CXMU of an HDT in a 
telecommunications system; 

Figxxres 60, 61 , 62 are flow charu that illustrate methods for assigning subbands 
and allocating pay load channels in a telecommunications 
system that uses a multi<arrier communication scheme; 
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Figures 63, 64, 6S« 66, 67 arc frequeoqr spectrum dugnxns that illustnte 

examples of assigning service units to subbands; 
Figure 68 ' is a flow chart that illustrates error monitoring by the channel 
manager. 

Figure 69 is a flow chart that illustrates a method for allocating an ISU data- 
link ODD charmel in a telecommunications system; 

Figure 70 is a block diagram of FFT system 2100; 

Figure 71 is a block diagram of modem 2400 which includes a FFT system 

2100 configured to perform an IFFT in transmitter section 2401 and 
another FFT system 2100 configured to perform an FFT in receiver 
section 2402; 

Figure 72 is a block diagram of three logical banks of RAM: an input RAM 

22S 1 , an output RAM 2253, and a conversion RAM 22S2; 
Figure 73 is a block diagram of one embodiment of a physical implementation 
which provides the function of input RAM 2241 , conversion RAM 
2242, and output RAM 2243; 
Figure 74 is a block diagram of one embodimem of a dual radix core 2600; 
Figures 75, 76, 77, 78, 79, 80. 81. 82 together form a table showing the order of 

calculations for a ^'normal butterfly sub- 
operation"; 

Figures 83, 84, 85, 86, 87, 88. 89, 90 together form a table showing the order of 

calculations for a "^transposed butterfly sub- 
operation"; 

Figure 91 is a block diagram of one embodiment of dual-radix core 2600 

showing the nomenclature used for the products output by multipliers 
2620 through 2627 and for adder-subtnctor*accumulators 2633; 

Figure 92 is a block diagram of one embodimem of an adder-subtractor- 
accumulator 2633; 

Figure 93 is a block diagram of modem 2400 which includes a Sigma-Delta 
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ADC ind decimaior system to drive FFT system 2100; 

Figure 94 u » more detiiled block diagnun of modem receiver 2402; 
Figure 95 is » detailed block di«gr«m of one embodiment of a Sigma-Dclu 
coovener 2840; 

Figure96 i$ an ovendl schematic diagram of tbe data deUven' tno^wrt system 

according to the present invention; 
Figure 97 is a simplified block diagram of the be«J-eod terminal 1 2 of the 

system 500 according to the present investioii; 
Figure98 iUustrates a Personal Cable D«t« Modem (PCDM) 540 and a Data 
Modem Service Module (DMSM) 550; 
O Figure 99 illustrates in greater detail a PCDM 540; 

Figure 1 00 iUustrates a Dsn Modem Channel Unit (DMCU) 560; 
C3 Figure 101 shows a graph ofaverage bandwidth per user as a function of the 

[j5 number ofusers for the system 500 according to the present 

inveo&on; 

Figure 102 U a simplified block diagram of the data transport and frMning of the 

system 500 according to the present invention; 
Figure 103 illustrates a Local Area Network Unit (LANU) 580 according to the 

-■O2O present invention; 

Figure 104 illustrates in more detail a DMSM 550 according to the present 

tnvexttiocu 

Figure 105 iUuiwxo in more detail a DMCU 560 according to the present 
invention; 

25 Figures 106, 107. 108, 109 illustrate the call semp for a data connection on the 

system 500 according to the present invention; 
Figure 1 1 0 illustrates a call termination sequence on the system 500 according to 

the present invention; 
Figure 1 1 1 illustrates the software of • LANU 580 according to the present 
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inveoticw 

Figure 1 12 Uluswtes a PCDM 620 adapted for asymmetrical dau delivery; 
Figure 113 Ulustntes Ae hcad-end configurarion for asymmetrical dau delivery 

sccording to the present inventioii; 
Figures 1 14, 1 1 5 illustrate another alternate embodiment of the invention 

wherein digital video is received over an ATM network and 
transmitted over a modified form of system 10/500; 
Figure 1 16 shows a block diagram of a hybrid fibcr/coax network in accordance 

with the present inventioti; 
Figure 117 is a block diagram of a head end host distribution terminal of the 

network of Figure 116; 
Figure 118 is a block diagram of an optical distribution node of the networic of 

Figure 116; 

Figure 119 is a block diagram of a home coaxial line unit of the networic of 
Figure 116; 

Figure 1 20 is a block diagram of an alternative embodiment for transmission 

fiom the head end to the optical distribution nodes in accordance 

wiA the present invention; 
Figure 121 is a block diagram of an impulse shaping technique utilized in 

accordance with the present invention; 
Figure 122 is a block diagram of an alternative embodiment of the optical to 

electrical converter of the head end host distribution terminal of 

Figure 117; 

Figure 123 is a block diagram of an alternative embodiment of the bead eiKl host 
distribution terminal of Figure 1 17. 



n^led Dc^ription of thf Prrferrtd Fmbodimcni 
The communication system 10, as shown in Figure I. of the present 
invention is an acceu platform primarily dcsigxjed to deliver residential and 
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business tclecotnmunicttion saviccs over a hybrid fibcr-coaxitl (HFC) distribution 
network 1 1 . The system 10 is t cost-eflFcctivt pUtfonn for delivery of telephony 
ind video services. Telephony services nuy include stsadtrd telephony, computer 
data and/or telemetry. In addition, the present system is a flexible platform for 
accommodating existing and emerging sendees for r esi d e n t ial subscribers. 

The hybrid fiber-coaxial distribution network 1 1 utilizses opocal fiber feeder 
lines to deliver telephony and video service to a distribution node 18 (refened to 
hereinafter as the optical distribution node (ODN)) remotely located from a central 
office or a head end 32: From the ODNs 18, service is distributed to subscribers via 
a coaxial network. Several advantages exist by utilizing the HFC*based 
communication system 10. By utiliring fiber installed in the feeder, the system 10 
spreads the cost of optoelectronics across hundreds of subtoibcrs. Instead of having 
a separate copper loop which runs from a distribution point to each subscriber 
rstar** distribution approach), the system 10 implements a bused approach where a 
distribution coaxial leg 30 passes each home and subscribcn "^^^ the distribution 
coaxial leg 30 for service. The system 10 also allows non-video services to be 
modulated for transmission using more cost-efTective RF mod em devices in 
dedicated portions of the RF spectrum. Finally, the system 10 allows video services 
to be carried on existing coaxial £Kilities with no additional subscriber equipment 
because the coaxial distribution links can directly drive existing cable-ready 
television sets. 

It should be apparent to one skilled in the art that the modem transport 
aichitectute described herein ai^ the functionality of the architecture and operations 
surrounding such architecture could be utilized with distribution networks other than 
hybrid fiber coax networks. For example, the functionality may be performed with 
respect to wireless systctns. Therefore, the present invention contemplates use of 
such systems in accordazm with the accompanying claims. 

The system 10 includes host digital terminals 12 (HDTs) which implement 
all common equipment functions for telephony truisport, such as network interft«, 
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synchronizitioD. DSO grooming, tad opemions, »dniinistiition, mtinteaince and 
provisioning (OAMAP) interfaces, and which include the inteifice between the 
switching network and a transport system which carries infonnition to and from 
customer interface equipment such as integrated service units 100 GSUs). 
Integrated services units GSUs) 100, such as home integrated service units (HISUs) 
6g or multiple user integrated service units (MlSUs) 66. which may include a 
business integrated service unit as opposed to a multiple dwelling integrated service 
unit, implemcm aU customer interCwe functions and inter&ce to the transport 
system which carries information to and from the switched network. Inthepresent 
system, the HDT 12 is normally located in a central office and the ISUs 100 art 
remotely located in the field and distributed in various locations. Tbe HDT 12 and 
ISUs 100 are connected via tbe hybrid fiber-coax distribution network 1 1 in a multi- 
point to point configuratioa la the present system, tbe modem functionality required 
to transport information over tbe HFC distribution network 1 1 is performed by 
interftce equipment in both tbe HDT 12 and tbe ISUs 100. Suchmodem 
functionality is performed utiliring orthogonal ftoqueacy division multiplexing. 

The communication system shall now be generally described with reference 
to Figures 1. 3 and S. The primary compooenu of system 10 are host digital 
terminals (HDTs) 12, video host distribution terminal (VHDT) 34, telephony 
downstream transmitter 14. telephony upstream receiver 16, the hybrid fiber coax 
(HFC) distribution network 1 1 including optical distribution node 18, and integrated 
service units 66. 6i (shown generally as ISU 100 in Figure I) associated with 
remote units 46. Tlie HDT 12 provides telephony interface between tbe switching 
network (noted generally by trunk line 20) and the modem interface to tbe HFC 
distribution network for transport of telephony information. Tbe telephony 
downstream transmitter 14 performs electrical to optical conversion of coaxial RF 
downstream telephony information outputs 22 of an HDT 12, shown in Figure 3. 
and transmits onto redundant downstream optical feeder lines 24. The telephony 
upstream receiver 16 performs optical to electrical conversion of optical signals on 
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redundant upstraun opnc*l feeder lines 26 ind sppUes electrictl tignals on cowdil 
RF upsntam telephony infonnition inputs 28 of HDT 12. The opdc«l distribution 
node(ODN) 18 provides interftee between the optical feeder line* 24 md 26 and 
coaxial distribution legs 30. Tlie ODN 18 combines downstream video and 
telephony onto coaxial distribution legs 30. The integrated Mrvioes units provide 
modem interftce to the coaxial distribution network and tervice intexftoe to 
customers. 

The HDT 12 and ISUs 100 impletnent the tel^hony transport system 
modulator-demodulator (modem) functionaUty. The HDT 12 includes at least one 
RF MCC modem 82, shown in Figure 3 and each ISU too iachides an RP ISU 
modem 101, shown in Figure 8. The MCC modems 82 and ISU modems 101 use a 
multi<arrier RF transmission technique to transport telephony information, such as 
DSO* channels, between the HDT 12 and ISUs 100. This muHi<arrier technique U 
based on orthogonal fiequency division multiplexing (OFDM) where a bandwidth of 
the system is divided up into multiple cairieti, t$f^ of which may represent an 
information channel. Multi<arrier modulation can be viewed as a technique which 
takes time^vision multiplexed information data and timsforms it to frequency- 
division multiplexed data. The generation and modulation of dau on multiple 
carrien is accomplished digitally, using an orthogonal transformation on each data 
channel. The receiver performs the inverse transformadon on segments of the 
sampled waveform to demodulate the data. The multiple carriers overlap spectrally. 
However, as a consequence of the oitbogooality of the transformation, the data in 

carrier can be demodulated with negligible uterferenoe fiom the other carriers, 
thus reducing intcsfercaoe between data signals transported. Multi<arrier 
transmission obtains efficient udlization of the transmission bandwidth, particularly 
Decessary in the iqistream communication of a multi-point to point system. Multi- 
earner modulation also provides an efBcient means to access multiple multiplexed 
dau streams and allows any portion of the band to be acc esse d to extract such 
multiplexed information, provides superior noise immunity to impulse noise as a 
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consequcoce of hiving rtUtivcly long symbol limes, and tlso provides an effective 
means for eliminating narrowband interference by identifying carriers which arc 
degraded and inhibiting the use of these carriers for data transmission (such channel 
monitoring and protection is described in detail below). Essentially, the telephony 
transport system can disable use of carriers which have interference axKl poor 
performance and only use carriers which meet transmission quality targets. 

Further, the ODNs 18 combine downstream video with the telephony 
information for transmission onto coaxial distribution legs 30. The video 
information from existing video services, generally shown by trunk line 20» is 
received by and processed by head end 32. Head end 32 or the central office, 
includes a video host distribution terminal 34 (VHDT) for video dau interface. The 
VHDT 34 has optical transmitten associated therewith for communicating the video 
information to the remote units 46 via the ODNs 18 of the HFC distribution network 
11. 

The telephony transmitter 14 of the HDTs 12, shown in Figure 3 and 4, 
includes two transmitters for downstream telephony transmission to protect d>e 
telephony data transmitted. These transmitters are conventional and relatively 
inexpensive narrow band laser transmitters. One transmitter is in standby if the 
other is functioning properly. Upon detection of a fault in the operating transmitter, 
the transmission is switched to the standby transmitter. In contrast, the transmitter 
of the VHDT 34 is relatively expensive as compared u> the transmitters of HDT 12 
AS it is a broad band analog DFB laser transmitter. Therefore, protection of the 
video informatioQ, a non-essential service unlike telephony data, is left unprotected. 
By splitting the telefteny data transmission from the video data tra nsmissi on, 
protection for the telephony data alone can be achieved. If the video data 
information and tbe telephony data were transmitted over one optical fiber line by 
an expensive broad band analog laser, ecorK)mies may dicuu that protection for 
telephony services may not be possible. Therefore, separation of such transmission 
is of importance. 
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Further with rtfertnce to Figurt 1 , the video information is optically 
transmitted downstream via optical fiber line 40 to splitter 38 which splits the 
optical video signals for transmission oq a plurality of optical fiber lines 42 to a 
plurality of optical distribution nodes 18. The telephony transmitter 14 associated 
with the HDT 1 2 nansmits optical telephony signals via optical fiber feeder line 42 
to the optical distribution nodes 1 8. The optical distribution nodes 1 8 convert the 
optical video signals and optical telephony signals for transmission as electrical 
outputs via the coaxial distribution portion of the hybrid fiber coax (HFC) 
distribution network 1 1 to a plurality of remote units 46. The electrical downstream 
video and telephony signab are distributed to ISUs via a plurality of coaxial legs 30 
and coaxial taps 44 of the coaxial distribution portion of the HFC distribution 
network 11. 

The remote units 46 have associated therewith an ISU 100, shown generally 
in Figurt 8, that includes means for transmitting upstream electrical data sigoals 
including telephony information, such as from telephones and data terminals, and in 
addition may iikclude means for transmitting set top box information from set top 
boxes 45 as described further below. The upstream electrical dau signals art 
provided by a plurality of ISUs 100 to an optical distribution node 18 connected 
thereto via the coaxial portion of the HFC distribution network II. The optical 
distribution node 1 8 converts the upstream electrical dau signals to an upstream 
optical ^■♦^ signal for transmissioo over an optical fiber feeder line 26 to the head 
end 32. 

Figure 2 generally shows an alternate embodiment for providing 
transmissiao of optical video and optical telephony signals to the optical distribution 
nodes 18 from bead end 32, the HDT 12 and VHDT 34 in this embodiment utilize 
the same optical transmitter and the same optical fiber feeder line 36. The signals 
from HDT 12 and VHDT 34 are combined and transmitted optically from headend 
32 to splitter 38. The combined signal is then split by splitter 38 and four split 
signals are provided to the optical distribution nodes 18 for distribution to the 
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rei«)ceumt$byd«eo«dildiflribuaoolep30i«l«>tti^ Return opticil 

telephony agnilJ ftom tbe ODN$ 1 8 would be combined at ipUtter 38 for provision 
to the be^knA Howeva. »s described ibove. tbe optical trwisnMtter util^ 
be relatively expensive due to its broad band eapabilitiea, lessening tbe probabilities 
5 of being able to afford protection for essential telephony services. 

As one skilled in the art wiU recognize, tbe fiber feeder lines 24, 26, as 

shown in Figure I . may include four fibers, for tiansmiaiion downstrewn from 
downstream telephony tnnsmitter 14 and two for trmimiasion upstrtttn to 
upstream telephony receiver 16. With tbe use of directional couplen. the number of 
10 such fibers may be cut in half. In addition, the number of protection tr«ismitters 

and fibcn utilized may vary u known to one skiUed in tije ait and any listed number 

□ is not limiting to the present invention as described in the accompuiying claims. 

;| The present invention shaU now be described in further detaU. n»e first part 

□ ofthe description shaU primarily deal with video transport Tberemainder of the 
His description shall primarily be with regard to telephony transport 

f Vfppn TRANSPORT 

□ The communication system 10 includes the head end 32 which receives 
video and telephony information from video and telephony service providen via 

320 tnmk line 20. Head end 32 includes a plurality of HDTs 12 and a VHDT 34. The 

y HDT 1 2 includes a network interface for communicating telephony information. 

such as Tl, ISDN, ot other data services information, to and from telephony service 
providers, such communication also shown generally by trunk line 20. Tbe VHDT 
34 includes a video network interface for communicating video information, such as 
25 cable TV video information and interactive dau of subscribers to and from video 

service providers, such communication also shown generally by trunk line 20. 

The VHDT 34 transmits downstream optical signals to a splitter 38 via video 
optical fiber feeder line 40. The passive optical spUtter 38 efifectively makes four 
copies ofthe downstream high bandwidth optical video signals. The dupUcaied 
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downstrttm opdctl video lignils art distributed to tbe correspondingly connected 
optical distribution nodes 18. One skilled in tbe irt wiU readily recognize thix 
although four copies of tbe downstream video signals are created, any number of 
copies may be made by an appropriate splitter and that the present invention is not 
limited to any specific number. 

The splitter is a passive means for splitting broad band optical signals 
without the need to employ expensive broad band optical to electrical conversion 
hardware. Optical signal spUtters are conunonly known to one skiUed in the art an^ 
available from numerous fiber optic component manufiicturen such as Gould, Inc. 
In the alternative, active splitters may also be utilired In addition, a cascaded chain 
of passive or active splitters would further multiply the number of duplicated optical 
signals for application to an additioiud number of optical distribution nodes and 
therefore increase further the remote units serviceable by a single head end. Such 
alternatives are contemplated in accordance with the present invention as described 
by the accompanying claims. 

Tbe VHDT 34 can be located in a central oflBce. cable TV head end, or a 
remote site and broadcast up to about 112 NTSCchanneU. The VHDT 34 includes 
a transmission system like that of a LitcAMp"^ system available from American 
Lightwave Systems, Inc., currently a subsidiary of the assignee hereof. Video 
signals are transmitted optically by amplitude modulation of a 1300 nanometer laser 
source at the **"w> frequency at which the signals are received (i.e. the optical 
transmission is a tctihertx optical carrier which is modulated with the Rf video 
signals). Tbe downstream video transmission bandwidth is about 54-725 MHz. 
Ooe advantage in using ^ same frequency for optical transmission of the video 
signal as the frequeikcy of the video signals when received is to provide high 
bandwidth transmission with reduced convenion expense. This same-frtquency 
transmission approach means that the modulation downstream requires optical to 
electrical conversion or proportional conversion with a photodiode and perhaps 
amplificatiotu but no frequency conversion. In addition, there is no sample data 
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bazxiwidtb reduction aad little loss of resolutioit 

An optical distributioo oode 18, shown in further dmil in Figure S, receives 
the split downstiwm optical video signal from the splitter 38 on optical fiber feeder 
line 42. The downstream optical video signal is applied to a downstream video 
receiver 400 of the optical distribution node 18, The optical video receiver 400 
utilized is like that available in the Lite AMp** product line available from American 
Lightwave Systems, Inc. The converted signal from video receiver 400. 
proportionally converted utilizing photodiodes, is applied to bridger amplifier 403 
along with convened telephony signals from downstream telephony receiver 402. 
The bridger amplifier 403 simultaneously applies four downstream electrical 
telephony and video signals to diplex filten 406 which allow for full duplex 
operation by separating the transmit and receive functions when signals of two 
different frequency bandwidths are utilized for upstream and downstream 
transmission. There is no frequency convcriioo performed at the ODN 18 with 
respect to the video or the downstream telephony kignals as the signals are passed 
through the ODNs to the remote units via the coaxial portion of the HFC 
distribution network 11 in the same ftequcncy bandwidth as they arc received at the 
ODNs 18. 

After the ODN 18 has received the downstream optical video signals and 
such signals are converted to downstream elecnical video signals, the four outputs 
of the ODN 18 are applied to four coaxial legs 30 of the coaxial portion of the HFC 
distribution network 1 1 for transmission of the downstream electrical video signals 
to the remote units 46. Such transmission for the electrical video signals occurs in 
about the 54-72S MHz bandwidth. EachODN I8piovidesfortheuansniissionooa 
plurality of coaxial legs 30 and any number of outputs is contemplated in 
accordance with the present invention as described in the accompanying claims. 

As shown in Figure I, each coaxial cable leg 30 can provide a significant 
number of remote units 46 with downstream electrical video azKi telephony signals 
through a plurality of coaxial taps 44. Coaxial taps are commonly known to one 
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sldUed in the in and act •$ passive bidirectional pickofib of electrical signab. Each 
coaxial cable leg 30 inay have a number ofcoaxial taps 44 connected in ^ In 
addition, the coaxial portion of the HFC distribution nctworic 1 1 may use any 
number of amplifien to extend the distance data can be sent over the coaxial portion 
of such HFC distribution network 1 1 . 

Downstream video signals are provided from the coaxial taps 44 to the 
remote units 46. The video signal from the coaxial tap 44 u provided to an HISU 
68 which is generally shown by the block diagram of ISU 100 in Figure 8, The ISU 
100 is provided with the downstream electrical video and telephony signal from tap 
44 and it is applied to diplex filter 104. The downstream electrical video and 
telephony signal is passed through the diplex filter 104 to both an ingress filter lOS 
and ISU modem 101. The downstream video signal is passed by the ingress filter 
105 to video equipment via an optional set top box 45. The downstream electrical 
telephony signal appUed from the diplex filter 104 to the ISU modem 101 is 
processed as described in fiirther detail below. 

Ingress filter 105 provides the remote unit 46 with protection against 
interfercxkce of signals applied to the video equipment u opposed to those provided 
to other user equipment such as telephones or computer terminals. Ingress filter 105 
passes the video signals; however, it blocks those frequencies not utilizwl by the 
video eq\iipment By blocking those frequencies not used by the video equipment, 
stray signals are eliminated that may interfere with the other services by the network 
to at least the same remote unit 

The set top box 45 is an optional element at the remote unit 46. Interactive 
video data fitxn set top box 45 would be transtnitted by an additional separate RF 
modem prt)vided by the video service provider at a relatively low frequency in the 
bandwidth of about 5 to 40 MHz. Such frequency must not be one used for the 
transport of upstream and downstream telephony dau and downstream video. 

For an KflSU 66, a separate coaxial line from coaxial tap 44 is utilized to 
provide transmission of video signals from the coaxial tap 44 lo the set top box 45 
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and thus for providing downstream video signils to video equipment 47. The 
ingrtas filter 1 05 t$ Aown in Figure 8 is not i ptrt of the MISU 66 as indicated by 
its dashed reprtsentitioa 

Alternative embodiments of the VHDT 34 may employ other modulation 
and mixing schemes or techniques to shift the video signals in frequency, and other 
encoding methods to transmit the inforaiation in a coded fomuL Such techniques 
and schemes for transmitting analog video data, in addition to those transnitting 
digital video data, are known to one skilled in the art and are contemplated in 
accordance with the spirit and scope of the present invention as described in the 
accompanying claims. 

TELEPHONY TRANSPORT 

With reference to Figure 3, telephony information and ISU operations and 
control dau (bereixiafter referred to as control data) modulated on carriers by MCC 
modem S2 is truismitted between the HDT 12and thetelei^Kmy downstream 
transmitter 14 via coaxial lines 22. Telephony information azxi control data 
modulated on cazrien by ISUs 100 u received at telephony upstream receiver 16 
aiul communicated to the MCC inodem 82 via coaxial cable lines 28. Thetelephony 
downstream transmitter 14 and the telephony upstream receiver 16 transmit and 
receive, respectivelyt telephony infortnatioo and control data via optical fiber feeder 
lines 24 and 26 to and from a corresponding optical distribution node 18. The 
control ^■♦^ may include aU operations, administntioo, maintenance A provisiotiing 
(OAMAP) for providing the telephony services of the system 10 and any other 
control data necessary for providing transport of telephony information between the 
HDT12andtheISUsl00. 

A block diagram of the HDT 12 is shown in Figure 3. The HDT 12 
includes the following modules: Eight DSl Uniu (DSIU) (seven quad-DSl units 48 
plus one protection unit SO), one protection switch A test conversion unit 52 
(PSTU), two clock & time slot interchange uniu 54 (CTSUs) (one active and one 
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standby/protection unit), w coax mtsier units 56 (CXMUs) (three active and three 
standby/protection units), two shelf control unitt 58 (SCNUi) (one active and one 
standby/protection unit), and two power supply units 60 (PWRUs) (two load-sharing 
units which provide the appropriate HDT voltages from a central oflBce f\q>ply). 
The DSIU units can also be adapted to tranifer dau in the standard ElU format, if 
desired. 

The HDT 12 comprises all the common equipment functions of the 
telephony transport of the communication system 10. The HDT 12 is normally 
located in a central office and directly intcrfiices to a local digital switch or digital 
network element equipment The HDT provides the network interftce 62 for all 
telephony information. Each HDT accommodates from 2 to 28 DSX-1 inputs ax the 
network interface 62, irprescnting a maximum of 672 DSO channels. TbeHDTl2 
also provides all synchronization for telephony transport in the system 10. The 
HDT 12 may operate in any one of three synchronization modes: exteroal timin g, 
line timing or internal timing. External timing refen to synchronization to a 
building integrated timing supply reference which is sourced from a central office in 
which the HDT 12 is located Line timing is synchronized to the recovered clock 
from a DSX-l signal normally derived from the local digital switcL Internal timing 
is a frw-running or hold-over operanoo where the HDT m ai nt ai n s its own 
synchronization in the absence of any valid reference inputs. 

The HDT 12 also provides quaner-DSO grooming capabilities and 
implements a 4096 x 4096 full-access, nori-blocking quartcr-DSO (16 kbps) cross- 
connect capability. This aUows DSOs and quarter-DSOs GSDN T)" channels) to be 
routed from any timeslot at the DSX-1 network interfiice 62 to any customer 
serviced by any ISU 100. 

The HDT 12 further provides the RF modem functionality required for 
telephony transport over the HFC distribution network 1 1 including the MCC 
modem 82. The HDT 12 accommodates up to three active CXMUs 56 for providing 
the modem interface U) the HFC distribution network 1 1 and also provides one-for- 
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ooe pFotectioo for e»cb ictive CXMU 56. 

The HDT 12 coordiniies the telqjbony tnnspon fystem iacluding conffol 
tad communicarion of niny ISUj of tbe muW-point to point communictton syitem 
10. Etch HDT 12 module perfonas a functioo. Tbe DSIU module 48 provides the 
interface to the digitil network and DSX-l terminiti<m. Tl»e PSTU 52 provides 
DSIU equipment protection by switching the protection DSIU 50 for a fuled DSIU 
module 48. The CTSU 54 provides tbe quaiter-DSO timeslot grooming capabUity 
and aU system synchroniation functions. The CTSU 54 also coordinates all call 
processing in the system. The CXMU 56. deschbed in furtber detaU below, 
provides the modem functionality and interftce for the OFDM telephony transport 
over the HFC distribution network 1 1 and the SCNU 58 supervises the operation of 
the entire communication system providing all OAM&P functions for telephony 
transport Most processing of requests for provisioning is performed by the SCNU 
58. 

DowMtrMtn J^'t*^ Tmnmutler 

The downstream telephony transmitter 14. shown in Figure 4. takes the 
coaxial RF outputs 22 from the active CXMUs 56 of the HDT 12 which cany 

telephony information and control datt and combines the ouipuu 22 into a 
downstream tele0»ny transmission signal. Tlie electrical-t<HJptical conversion 
logic required for the optical transmission is implemented in a stand-alone 
downstream telephony transmitter 14 rather than in die HDT 12 to provide a more 
cost effective tnnspoft solution. By placing this function in a separate compooent. 
the expense of this functioo does not need to be replicated in each CXMU 56 of the 
HDT 12. This reduces tbe cost of the CXMU 56 function and allows the CXMU 56 
to nnsmit and receive over coax instead of fiber. The downstream telephony 
transmitter 14 also provides for traosmissioo on redundant downstream fiber feeder 
lines 24 to an ODN 18. 

Tbe dowiutream telephony transmitter 14 is co-located with tbe HDT 12 
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prefoibly within a distaacc of 1 00 feet or less. The downstretm teiepbooy 
tnnsmitter 14 receives tbe cotxial RF outputs from the active CXMUs 56, each 
within a 6 MHz frequency band, and cotnbines than at combiner 2S into a single RF 
signal. Each 6 MHz frequency band is separated by a guard band as is known to one 
skilled in tbe an. Downstream teiepbooy information is then transmitted in about 
tbe 725-800 MHz frequency band. Tbe telephony transmitter 14 passes tbe 
combiz^ signal through a l-to-2 splitter (not shown), d»eby producing redundant 
downstream electrical signab. Tbe two redundant signals are each delivered to 
rtdundant laser tnnsmitten 501 for electrical-to-optical conversion and the 
redundant signals modulate an optical output such that tbe output of tbe downstream 
telephony transmitter 14 is on two optical feeder lines 24. each having an identical 
signal modulated thereon. This provides protection for the downstream telephony 
portion of the present system. Both Fabiy-Perot lasers in the telephony transmitter 
14 are active at all All protection functions are provided at the receive end of 
the optical transmission Oocated at tbe ODN 18) wbere one of two receivers is 
selected as "active;" therefore, the telephony transmitter 14 requires no protectioo 
switching capabilities. 

I IpffiigAm Tclephonv Receiver 

Tbe upstream telephony receiver 16 perfonns the optical*to-electhcal 
conversion on the upstream optical telephony signals on the upstream optical feeder 
lines 26 frtxn the ODN 18. Tbe upstream teiepbooy receiver 16 is notmally oo* 
located in the central office with the HDT 12, and provides tn electrical coaxial 
output to tbe HDT 1 2, and a coaxial output 23 to be provided to a video set-top 
controller (not shown). Upstream telephony information is routed via coax lines 28 
from tbe upstream telephony receiver 16 to active CXMUs 56 of tbe HDT 12. Tbe 
coaxial link 28 between the HDT 12 and the upstream telephony receiver 16 is 
preferably limited to a distance of 100 feet or less and is an intra-office linL Video 
set-top controller information, as described in the Video Transport section hereof, is 



located in a bandwidth of the RF spectnnn of 5-40 MHz which is DOt utilized for 
upstrtam telephony transpori such that it is transmitted along with the upstream 
telephony informatioa 

The upstream telephony receiver 16 has dual receiven S02 for the dual 
iq)streaffl optical fiber feeden lines 26. These feeder lines 26 carry redundant 
signals from the ODN 18 which contain both telephony infonnation and control data 
and also video set*top box information. The upstream telephony receiver 16 
performs automatic protection switching on the \q>stream fieeder lines 26 from the 
ODN. The receiver 502 selected as '•active" by protection logic is split to feed the 
coaxial outputs 28 which drive the HDT 12 and output 23 is provided to the set-top 
controller (not shown). 

Optical Distri hution Node 

Referring to Figure 5, the ODN 18 provides the interfice between the optical 
feeder lines 24 and 26 from the HDT 12 and the coaxial portion of the HFC 
distributionoetwork 11 to the remote units 46. As sucfau the ODN 18 is essentially 
an optical-to-electrical and electrical-to-optical converter. The rmximum distance 
over coax of any ISU 100 from an ODN 18 is fwefermbly about 6 km and the 
maximum length of the combined optical feeder line/coaxial drop is preferably 
about 20 km. The optical feeder line side of the ODN 18 terminates six fibers 
although such number may vary. They iiKlude: a downstream video feeder line 42 
(single fiber from video splitter 38), a downstream telephony feeder line 24 (from 
downstream telephony tiansmincr 14)« a downstream telephony protection feeder 
line 24 (from downstream telephony transmitter 14), an upstream telephony feeder 
line 26 (to upstream telq>hony receiver 16). an upstream protection feeder line 26 
(to upstream telephony receiver 16). and a spare fiber (not shown). The ODN 18 
provides protection switching functionality on the receive optical feeder lines 24 
from the downstream ulephooy transmitter. The ODN provides redundant 
transmission on the upstream optical feeder lines 26 to the upstream telephony 
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receiver. Protecdoo od the upstream opdcaJ feeder lines is oootroUed at the 
upstream telephony receiver 16. On the coaxial distribution side of ODN 18, the 
ODN 18 terminates up to four coaxial legs 30. 

In the downstream direction, the ODN 18 includes downstream telephony 
receiver 402 for converting the optical downstream telq)bony aignal into an 
electrical signal and a bridger amplifier 403 thai combines it with the converted 
downstream video signal from downstream video receiver 400 terminated at the 
ODN 1 8 from the VHDT 34. This combined wide-band electrical telephony/video 
signal is then transported in the spectrum allocated for downstream transmission, for 
example, the 725400 MHz band, on each of ^ four coaxial tegs of the coaxial 
pordon of the HFC distribution network 1 1. As such, this electrical telephony and 
video signal is carried over the coaxial legs 30 to the ISUs 100; the bridger amplifier 
403 simultaneously applying four downstream electrical telephony and video signals 
to diplex filters 406. The diplex filters 406 allow for full di^>lex operation by 
sepanting the ninsmit and receive functions when signals at two different 
frequency bandwidths are utilized for upstream and downstream transmission 
There is no frequency conversion available at the ODN 18 for downstream transport 
as the telephony and video signals are passed through the ODN 18 to the remote 
uniu 46 via coaxial portion of HFC distribution network 1 1 in the same 
frequency bandwidth as they are received at the ODN 18. As shown in Figure 1, 
each coaxial leg 30 can provide a significant number of remote units 46 with 
downstream electrical video and telephony signals through a plurality of coaxial 
taps 44. Coaxial taps 44 commonly known to one skilled in the art act as passive 
bidirectional pickofb of elecnical signals. Each coaxial leg 30 may have a number 
of coaxial taps connected in a series. In addition, the coaxial portion of the HFC 
distribution network 1 1 may use any number of amplifiers to extexKl the distance 
data can be sent over the coaxial portions of the system 10. The downstream 
elearical video and telephony signals are then provided to an ISU 100 (Figure 8), 
which, more specifically, may be an HISU 68 or an KflSU 66 as shown in Figure 1. 
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In tbe upsowm direction, ielq)hony and set top box infonnition is received 
by the ODN 18 ii diplex atcn 406 over the four cotxiil legs 30 in tbe RF spectrum 
region from 5 to 40 MHz. H>eODN 18 miy include optionil fiequeocy shiften 64 
equipped on up to three of four coiJdil legs 30. These frequency shifters 64. if 
utilized, mix the upstreun spectrum on icotxiil leg tot higher frequency prior to 
combining with the other three coMiiil legs. Frequency shiften 64 ire designed to 
shift the upstream spectrum in multiples of 50 MHz. For example, the frequency 
shifters 64 may be ptovisioDed to mix the upstream infotmatioo in the 5-40 MHz 
portion of the RF spectrum to any of the foUowing ranges: SOlo 100 MHz. 100 to 
150 MHz, or 150 to 200 MHz. Hiis allows any coaxial kg 30 to use the same 
portion of the upstream RF spectrum as another leg without any spectrum 
contention when tf>e upstream information is combined at the ODN 1 8. 
Provisioning of frequency shifters u optional on a coaxial leg 30. The ODN 1 8 
includes combiner 408 which combines the electrical upstream telephony and set 
top box information from all the coaxial legs 30 (which may or may not be 
frequency shifted) to form one composite upstream signal having all i^xstream 
information present on each of the four coaxial legs 30. n»e composite electrical 
upstream signal is passively 1:2 spUt and each signal feeds an upstream Fabty-Perot 
laser transmitter which drives a corresponding upstream fiber feeder line 26 for 
transmission to the upstream telephony receiver 16. 

Figure 6 illustrates an embodiment of a frequency shifter, indicated generally 
at 64', for use in ODN It of Figure 5. Frequency shifter 64' comprises a mixer 700 
that is coupled to receive and shift the frequency band of RF signaU in the upstream 

direction from dtplexfiher 406 for a coaxial leg 30. Anoutputof mixer 700 is 
coupled through a bandpass filter 704 to combiner 408. Local oscillator 702 is 
coupled to provide a signal to control the operation of mixer 700. 

In operation, frequency shifter 64' shifts a block of RF signals from a first 
frequency range to a second frequency range. For example, as mentioned above, the 
RF signals provided to frequency shifter may comprise RF signals in the range from 
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5to40Mht In OK embodiment. ODN 18 wmprises three frequency shiftm 64'. 
In this embodiment, the locti oscUUion 702 of the three frequency shifters provide 
signils of 76 MHZ. 149 MHZ, and 222 MHZ, respectively. Thus, frequency shiften 
64- respectively shift the up$tre«n Rf signils ipproxim«ely to the 50 to 100 MHZ, 

125 to 175 MHZ and 200 to 250 MHZ iinges. 

If the upstream telephony «nd set top box signids ire upshifted tt the ODN 

1 8. the upstieam telephony receiver 16 includes frequency shifters 31 to downshift 
the signals accoiding to the upshifting done it the ODN 18. A combiner 33 then 
combines the downshifted signals for appUcation of a combined signal to the HDT 
12. Such downshifting and combining is only utilized ifthe signals are upshifted at 

the ODN 18. 

Figure 7 illustrates an embodiment of a frequency shifter, indicated generally 
ai 31', for use in telephony upstream receiver 16 of Figure 8. Frequency shifter 31' 
returns a block of Rf signals shifted by frequency shifter 64* to original frequency 
range of the block. For example, frequency shifter 31* may return a block of RF 
signals to 5 to 40 MHZ from SO to 100 MHZ . 

As discussed in more detail below, the upstream telephony signals processed 
by frequency shiften 31* and 64' are typically OFDM signals. Thus, frequency 
shifters 64* must return the RF signals to the original frequency range without 
introducing adverse phase and frequency errors. To reduce the likelihood of this 
corruption of the OFDM signals, frequency shifter 31* locks its local oscilUtor to the 
local oacillator of a corresponding frequency shifter 64* using a pilot tone 
ttansmittod from ODN 1 8 to telephony upstream receiver 1 6. 

Frequency shifter 3 1' includes a bandpass filter 706 that is coupled to receive 
an RF signal from ODN 18. Bandpass filter 706 is coupled to a splitter 708. 
Splitter 708 is coiq)led to provide the RF signal to an input of mixer 718. Further, 
splitter 708 provides a second output that is used to generate a local oscillator signal 
for mixer 718. This local oscillator signal is phase locked with a corresponding 
local oscillator 702 of frequency converter 64'. This second output of splitter 708 is 
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coupled to pbftse detector 712 through budpass filter 710. Phise detector 712 is 
coupled to provide a cootrol signal to voltage cootrolled oscillator 714. Voltage 
cootroUed oscillator 714 is coupled through splitter 716 to provide the local 
oscillator signal to toixer 718. Splitter 716 further provides a feedback signal to 
phase detector 712. 

In operation, phase detector 712 i^iase locks local oscillator signal of 
frequency shifter 3 1 * with local oscillator 702 of a contspooding frequeocy shifter 
64*. Phase detector 712 compares the pilot tone from ODN 18 with the feedback 
signal from voltage controlled oscillator 714 to geaente the cootrol signal for 
voltage controlled oscillator 714. Consequently, the local oscillator signal provided 
to mixer 718 is phase locked with the corresponding local oscillator 702 of 
frequency shifter 64*. Mixer 718 uses the local oscillator signal from splitter 716 
and voltage controlled oscillator 714 to shift the block of RF signals received by 
frequency shifter 31* to the original frequency ruge of the block of RF signals. 
Advantageously, unacceptable modifications of the OFDM upstream signal by 
frequexkcy shifters 64* and 31' are thus avoided. 

Inteyrai^l Services Unit flSUs) 

Referring to Figure U the ISUs 100, such as HISU 68 and MISU 66, provide 
the inter&ce between the HFC distributioo oetwoik 1 1 and the customer services for 
remote units 46, Two basic types of ISUs are shown, which provide service to 
specific customers. Multiple user integrated service unit 66 (MISUs) may be a 
multiple dwelling integrated service unit or a busiz>ess integrated service unit The 
multiple dwelling integrated service unit may be used for mixed residential and 
business environments, such as multi-tenant buildings, small businesses and clusters 
of homes. These customen reqxiirc services such as plain old telephone service 
. (POTS), dau services, DSl services, and standard TR*57 services. Business 
integrated service units are designed to service business environments. They may 
require more services, for example, data services, ISDN, DSl services, higher band* 
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width sovicei, fuch as video confcrcocing. etc. Hotnc iatcgrmied services units 68 
(MSUs) irc used for resideotiil covironmcnts such ts single-tenant buildings and 
duplexes, where the intended services are POTS and basic rale integrated digital 
services network GSDN). Descriptian for ISUs shaU be limited to the MSUs and 
MISUs for simplicity purposes as multiple dwelling and business iniegrced service 
units have similar functionality as &r as the present invention is concerned. 

All ISUs 100 implement RF modem functionality and can be gcnerically 
shown by ISU 100 of Figure 8. ISU 100 includes ISU modem 101, coax slave 
controUcr unit (CXSU) 102, channel units 103 for providing customer aervice 
interface, and diplex filter/tap 104. In the downstream direction, the electrical 
downstream telephony and video signal is applied to diplex fihet/tap 104 which 
passes tcle^ny information to ISU modem 101 and video information to video 
equipment via an ingress ater 105 in the case of a HISU. When the ISU 100 is a 
MISU 66, the video information is rejected by the diplex filter. The ISU modem 

101 demodulates the downstream telephony information utilizing a modem 
contsponding to the MCC modem 82 used for modulating such information on 
orthogonal multicarrien at HDT 12. ISU 100 demodulates downstream telephony 
information fit>m a coaxial distribution leg 30 in a provisionable 6 MHz frequency 
band. Tuning generation 107 of the ISU modem 101 provides clocking for CXSU 

102 which provides processing ax»d controls reception and transmission by ISU 
modem 101. The densodulated dau from ISU modem 101 is passed to the 
applicable chanxiel units 103 via CXSU 102 depending upon the service provided. 
For example* the ^^^r^^ units 103 may include line cards for POTS, DSl services, 
ISDN, other data services, etc. Eftch ISU 100 provides access to a fixed subset of all 
channels available in a 6 MHz frequency band corresponding to one of the CXMUs 
of HDT 12. Thbsubsetofchannels varies depending iqx)n the type of ISU 100. An 
NHSU 66 may provide access to many DSO channeb in a 6 MHz frequency band, 
while an HISU 68 may ooly provide access to a few DSO channels. 

The channel units 103 provide telephony information and control data to the 
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CXSU 102, which provides luch data to ISU modem 101 and controls ISU modem 
101 for moduUlioo of such telephony data and control data in a provisional 6 MHz 
frequency band for transmission onto coaxial distribution kg 30 connected 
thereto. The upstream 6 MHz frequency band provisiooable for transmission by the 
ISU 100 to the HDT 12 corresponds to one of the downstream 6 MHz bands utilized 
for transmission by the CXMUs S6 of HDT 12. 

The CXSU 102 which applies demodulated data from the ISU modem 101 to 
the applicable c h*"^» units, performs dau integrity rhrrking on the downstream 10 
bit DS(H packets received from the ISU modem 101. Each ten bit DS(K packet as 
described below includes a parity or data integrity bit TheCXSU 102 will check 
the parity ofeach downstream 10 bit DS(H" channel it receive*. Further, the parity 
of each upstream DS(K received from the channel units 1 03 is calculated and a 
parity bit inserted as the tenth bit of the upstream DS(H for decoding and 
identification by the HDT 12 ofan error in the upstream data. If an error is detected 
by CXSU 102 when checking the parity of a downstream 10 bit DS(K channel it 
receives, the parity bit of the corresponding upstream channel wiU be intentionally 
inverted to inform the HDT 12 of a parity error in the downstream direction. 
Therefore, the upstream parity bit is iiKlicative of erron in the downstream DS(H 
channel and the corresponding upstream DSO^ channel. An example of such a 
parity bit generation process is described in U.S. patent appUcation 08A)74,913 
entitled "Point-to Multipoint Performance Monitoring and Failure Isolation System** 
assigned to the •^g*^ hereof arkd entirely incorporated herein by referetKe. This 
upstream pcrity bet is utilized in channel monitoring as described further below. As 
would be apparent to one skiUed in the art, the parity rhrrking and generation may 
be performed, at least in part, in other elements of the ISU or associated therewith 
such as the channel units. 

E*ch ISU 100 recovers synchronization from downstream transmission, 
generates ail clocks required for ISU dau transport and locks these clocks to the 
y^wir*^ HDT timing. The ISUs 100 also provide call processing functionality 
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Dccesssry to detect custooier line setzurt and line idle ooodhions aod transmit these 
indications to the HDT 12. ISUs 100 tenninaie and receive control data from the 
HDT 12 and process tbe control dau received tberefrooL Included in this 
processing are messages to coordinate dynamic channel aUocation in the 
communication system 10. Finally. ISUs 100 generate ISU operating voltages from 
a power signal received over tbe HFC distribution network 1 1 as shown by the 
power signal 109 taken from diplcx filter/tap 104. 

Hiitii Pmth in HDT 

Tbe following is a detailed disoission of the data path in the host digital 
terminal (HDT) 12. Referring to Figure 3, the data path between the network 
bcility at the network inter£M:e 62 md the downstream telephony transmitter 14 
proceeds through the DSIU 48, CTSU 54, aod CXMU 56 modules of the HDT 12, 
respectively, in the downstream direction. Each DSIU 48 in the HDT 12 takes four 
DSls from the network and formats this information into four 24<hanoeU 2.S6 
Mbps dau streams of modified DSO signals referred to as CTSU inputs 76. Each 
DSO in the CTSU input has been modified by appending a ninth bit which can carry 
multifiame timings signaling information and control/status messages (Figure 9). 
This modified DSO is referred to as a "DSO+." Tbe ninth bit signal (NBS) carries a 
pattern which is updated each frame and repeau every 24 frames. This maps each 
64 kbps DSO from the network into a 72 kbps DSO+. Thus, the twenty-four DSO 
channels available on cftdi DSl are formatted along with overhead information into 
rweoty-fbur DS(H channels on each of four CTSU input streams. 

Tbe ninth bit tignaUng (NBS) is a mechanism developed to cany the 
multiframe <^ming out^f*band signaling bits and miscellaneous stams and control 
information a^ioditfd with each DSO between the DSIU and the channel units. Its 
main functions are lo carry the signaling bits to channel units 103 aiul to provide a 
multiframe clock to the channel units 103 so that they can insen upstream bit 
signaling into the DSO in the correct frame of the multiframe. Because downstream 



52 

DSO$ may be coming from DSls which do not shirt the same multifrimc fbMSc 
each DSO must carry a multifruse clock or marker which i ndica t es the signaling 
frames MVKiat^ with the origination DSl. The NBS provides this capability. 
Ninth bit signaling is transparent to the OFDM modem transport of the 
communication system 10. 

Up to eight DSlUs 48 may be equipped in a single HDT 12; including seven 
active DSlUs 48 and a protection DSIU module 50. Thus. 32 CTSU inputs art 
connected between the DS 1 Us and the CTSUs 54 but a maximum of 28 can be 
enabled to carry trmflBc at any one time. The four remaining CTSU inputs arc from 
either the protection DSIU or a fiuled DSIU. The PSTU inchides switch control for 
switching the protection DSIU 50 for a failed DSIU. 

Each CTSU input is capable of carrying up to 32» lO^t channels, the first 24 
channels cany DSO+s and the remaining bandwidth is unused. Each CTSU input 76 
is clocked at 2.56 Ml^ and is synchrooized to the 8 kHz internal frame signal 
(Figure 1 1). This corresponds to 320 bits per 125 \isec frame period. These 320 bits 
art framed as shown in Figure 9. The fourteen gap bits 72 at the beginning of the 
frame cany only a single activity pulse in the 2nd bit position, the remaining 13 bits 
art not used Of the following 288 bits, the first 216 bits nonnally carry twcnty-four 
DS(H channels where etch DS(H corresponds to a standard 64 kbps DSO channel 
plus the additional 8 kbps signaling bit Thus, each DSO^ has a bandwidth of 72 
kbps (nine bits every 8 kHz frame). The remaining 72 bits arc reserved for 
additional DS(H- pcykMi channels. The fmal eighteen bits 74 of the frame are 
unused gap bits. 

The clock and time slot interchange unit 54 (CTSU) of the HDT 12 takes 
information from up to 28 active CTSU input data streams 76 and cross-connecu 
them to up to twenty-four 32<hannel, 2.56 Mbps output data streams 78 which arc 
input to the coax master units (CXMUs) 56 of the HDT 12. The format of the data 
streams between the CTSU 54 and the CXMUs 56 is rcfetred to as a CTSU output. 
Each CrrSU output can also carry up to 32, 10*bit channels like the CTSU inptit 
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The fim 28 CMiy traffic awl the reauining bandwidth is unvaed E*djCTSU 
output u docked « 2.56 Mbps lol is synchronized to the 8 kHz intern^ 
signal of thp HDT 12 (Figure 11). TTus conespwids to 320 bits per 125 jisec ftime 
period. The friate stractue for the 320 bits are u described above for the CTSU 

5 input structure. 

The HDT 12 has the capability of time and space maaipulaiioo of quarter- 
DSO packets (16 kbps). This function is implemented with the time slot interchange 
logic that U part of CTSU 54, The CTSU implements 1 4096 x 4096 quBtcr-DSO 
cross-connect function, althou^ not all time slots are utilized. In normal operuion. 

10 the CTSU 54 combines and relocaaes up to 672 downstream DS(Kp«ckeu (or up to 

2688 quarter-DSO packets) arranged ts 28 CTSU inputs of 24 DS0+« each, into 720 
DSO+ packets (or 2880 quarter-DSO packets) arranged as 24 CTSU outputs of 32 
DSO+seach. 

The system has a maximum throu^q>ut of 672 DSO^ packets at die network 
15 interftce so not aUofthe CTSU ouqjut bandwidth is usable. If more than the 672 

channeU are assigned on the "CTSU outpuT side of the CTSU. this impUes 
coocentntion is being utilised. Coocentratioo is discussed fisther below. 

Each CXMU 56 is connected to receive eight active CTSU outputs 78 from 
20 the active CTSU 54. The eight CTSU outputs are clocked by a 2.56 MHz system 

clock and each carries up to 32 DSOn as described above. The DSO+« are further 
processed by the CXMU 56 and a tenth parity bit is appended to each DSO^ 
resuhinginalObitDSCH. These 10 bit packets contain the DSO. the NBS (ninth 
bit signal) and the parity or data integrity bit (Figure 10). The 10 bit packets are the 
2S (ica transmitted on the HFC distribution oerwork 11 to the ISUs 100. The 10th bit 

or data integrity bit inserted in the downstream chaimels is decoded and checke d at 
the ISU and utilized to calculate and generate a parity bit for corresponding channels 
in the upstream as described above. This upstream parity bit which may be 
representative of an error in the downstream or upstream channel is utilized to 
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provide f^nngl protection or monitoring as further described herein. 

CTSU 54 is ilso capable of applying a conventional Reed'Solooian code to 
transmitted payload data for running error contction. Such codes cany an overhead 
which must be borne by the inclusion of enor-conccting symbols in each block or 
message transmitted. Generally, two check symbols are required to correct one 
corrupted data symbol in a message. (The incorrect symbol may contain any 
number of error? in its 5 bits, as long as all bit enon arc confined to the same 
symbol. But even a single incorrect bit in each of two symbols counts u two 
errors.) Short messages impose less computational overhead on a system, but can 
correct fewer errors in the message. Conversely, long messages require more 
computation and more latexK^ before the corrections can be applied, but their error* 
correction ability is greater. Figure 54 represents, for an example system, the 
probability of an uncorrectable error in a frame for various error probabilities in one 
individual symbol. The solid curve shows the error performance for a 21*frame 
message having 19 frames of data symbols and two frames of error<orrection code; 
the ^•^h^ curve i t pi e scn t s a 41-frame message having 37 data and four code 
frames; the dotted curve gives the best performance, with 73 data frames and eight 
code frames in an 81-frame message. 

The present system allows a choice of different error<orTection abilities for 
different types of data. For example, voice data is highly redundant, and needs little 
defense against errors. Financial transaction data, on the other hand, wints a large 
degree of data integrity. In addition, it may be desirable to aUow a user to select - 
and pay for whatever degree of error correction that he desires. CTSU 54, 
Figure 3, ixKludes a conveotiooal '^vistoning table**, which specifies a number of 
p)arameters relating to particular payload channels. Figure SS shows a provisioning 
table 44 1 1 having an added column containing indications for several different 
amounts of error protection. In method 4410, step 4412 reads the entry for a 
particular channel to be set up. In this implemenution, the entry may specify 
message lengths of 21, 41, or 81 bits, respectively having the ability to correct 1,2, 
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or 4 tymbols; tbe eotiy ouy also specify oo correctioD, in wfaich case message 
blocks do not an>ly. Step 4413 eocodes tbe table entry in an IOC message and 
sends it to tbe ISUwboK address appears in that row of table 41 II. Ageoeral- 
purpose processor in CXSU 102 of tbe ISU stores tbe frame length in step 4414. As 
tbe CXSU receives data from modem 101, Figure 8, it decodes tbe fivnes of an 
entire message, 4415, then decodes the cbeck symbols for tbe message, 4416, and 
signals an error, 4417, ifone exists in tbe message. Steps 4415-4417 repeat for 
subsequent messages. The ISU employs tbe same process to send frames upstream 
to tbe bead end, using tbe frame length setting specified in step 4414. 

Within botfa CXSU 1 02 at tbe ISU and tbe CXMU. Figure 1 2 at tbe HDT, a 
2I-frame message or block requires 19 symbol or frame times to decode tbe 
message, then has two frames of latency while its two cbeck symbols are decoded. 
A 41*frame message uses foiir frames of time for computation of any errors from the 
four cbeck symbols following its 37 dau symbols. An 81-frame message presents 
any error iodicatioc 8 frame times after tbe end of its 73 data frames. (One extra 
frame of delay is imposed in the downstream direction due to remapping at tbe 
HDT.) If all messages were to start at tbe same time for all channels in an entire 
band, tbe computational load in tbe HDT would peak during tbe check-symbol 
frames, and would be lower at other times. Since tbe processor must be capable of 
handling tbe peak loads, its power is imrtrrutiHTed at other times. 

Tbe present system allows a tower<apacity processor to handle error 
correction by staggering tbe beginning times of different messages in different 
subbaads of channels, so that not all of them cotne due at tbe same time. That is, the 
start of a message in any channel of a subband is ofEKt from tbe stan of a message 
or *^ultifiame** signal, to be described, by a predetermined number of frame times 
of 125|isec. each. Tbe table below shows how the 24 subbands of Figure 16 are 
ofEset, for each message length which can be selected. 
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Only 13 subbax^ settings tre required, since no unit tunes more thin 130 channels. 

Giving all 10 channels of each subbind the same ofibet does not overioad the 

processors of &e remote unitt. However, the head end (HDT), which receives and 
20 transmits all channels, can enjoy significant relief from not having to encode or 

decode the check symbols for all channels at the same time. 

Figure 56 shows steps 4120 for performing frame staggering. Step 4421 

repeats method 4420 for all active payioad channels. Step 4422 accesses the 

current messages for the channels in one subbandT Step 4423 calculates the 1, 2, or 
25 4 Reed-Soloman check words for the 21. 41, or 81 message dau words. Step 4424 

waiu N frames past the start of a multifrvne, whereupon step 4425 sends the 

message to modem 82, Figure 3 for transmission. 

At a remote ISU. CXSU performs the same steps 4420 for upstream 
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messages. Stq) 4422 is rtquired only in an NfISU» because tU cha^ 
reside in the same subbani Method 4420 may be performed at both cads of the 
system, as described bertin; it may also be perfocmed only at one end, ettber HDT 
or ISU. Staggering fiom the ISU to the HDT is preferable if only one end is 
staggered, because the most critical processing load is the erTor<orrection of all 240 
channels in the upstream receiving modem. Figure 26. 

The use of erTor<orrecting codes along with unencodfd data raises problems 
in a real-time transport system. Data arrives from the trunk lixke 20» Figure 1. at a 
constant rate. This dau must be transmitted downstream in the tame time duration, 
whether it is encoded along the way. or sent uoeacodod- Likewise, upstream dau 
usually must be transmitted at the same rate whether or not it is eacoded. That is, 
the use of error-correcting codes must be time-transparent at both ends of the 
system. But enor-cotrecting codes require the transmission of check digits or 
symbols along with the data. The present system resolves this diflBculty by packing 
the data words differently if they are encoded. As explained above, the basic 
mrwr^^ word length for a DS(H^ channel U ten bits: eight data bits, a signaling 
(NBS) bit, and aparity bit When encoding is used, however, this format is changed 
to nine-bit words, with a single parity bit for the entire message. This is the reason 
for the choice of frame sizes for the encoded nsodes. A 21 -frame message contains 
19 dau frames, which would ordinarily be transmitted as 10x19-190 bits. Those 
same dau frames, packaged as nine-bit words along with two nine-bit check words, 
require (l^2)x9»189 bits; adding one more parity bit covering the entire message 
lock gives 190 bits, the same number as that required for the unencoded version of 
the same data. The 4I-frame message has 37 frames of data, or 370 bits in 
unencoded 10-bit format Encoded as 37 ninc-bit-words along with four check 
words, the same message requires (37^)«9«369 bits; again, a single additional 
parity bit yield the 370 biu of the same dau in unencoded form. The 8 1 -frame 
format has 73 dau words, i check words, and a parity bit, yielding the same 
number of biu as 73 dau words in 10-bit form. 
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Tbot are many otber combinctioQS of ntimben which yield sixnilir results. 
These can be fouad beurisdcally without t great deal of ejqKhmeotatioQ. The first 
step is to estiioate rough oumbers of Urge (parity-bearing) words in ooe or more 
message sizes, and the number of errors desired to be correctable for each size. The 
next step is to determine a number of smaller (non-parity) words that cany the same 
amount of data, but which form a total message the same size or slightly mailer 
than the total number of bits in the large-word formaL Any excess bits then are 
assigned to parity over the block --or to any otber fimctioiu for that matter. For 
example, if two bitt are left over instead of one for each message, they could 
repres ent two parity bits over the message, two oootrol or f6rmat<designation bits, 
etc. The use of check symbols, of course, greatly reduces the need for parity or 
other forms of error detection. In fi«, while the present system uses the message- 
parity bit as parity in the downstream direction, the ISU deliberately sets the parity 
bit to an incorrect value in an upstream message if it was incorrect in tbt 
downstream message. This serves to signal the HDT that a bit error was 
encountered, when the HDT would not otherwise be aware of h; this in tm allows 
the HDT to keep oaore accurate statistics on channel quality for reallocating 
channels, or for other purposes. 

Figure 57 shows a method 4430 for adding the "code packing*" feanire to the 
method 4420 of Figure S6. Step 443 1 repeats the steps for all channels. Step 4432 
determines whither the data for the channel is to be ei>coded or not If not, step 

4433 oxrety transmits it word-by-word to the modem. If it is to be encoded, step 

4434 strips the parity (or otber) bit(s) from each word After step 443S has formed 
the check words, step 4436 calculates the message-wide parity, or other desired 
function. Thereafter, step 4437 waiu the p roper number of frame times (as specified 
by method 4420, and step 4338 sends the message to the modem as before. 

In the upstream direction, the reverse path through the HDT is substantially a 
mirror of the forward path through the HDT 12. For example, the tenth parity bit is 
processed at the CXMU 56 and the signal from the CXMU S6 to the CTSU 54 uin 
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the format of Figure 9. 

The rouxkd trip delay of a DSO is the same for every data path. The time delay 
over the path from the downstream CTSU output, through CXMU S6, over the HFC 
distribution network to the ISU 100 and then from the ISU 100, back over the HFC 
distribution network 1 1, through CXMU 56 and to CTSU 54 is controlled by 
upstream synchronization, as described in detail below. Generally, path delay is 
measured for each ISU and if it is not the correct numbo of frames long, the delay 
length is adjusted by adding delay to the path at the ISU 100. 

The coax master unit 56 (CXMU), shown in Figure 3, includes the coax 
master card logic 80 (CXMC) and the master coax card (MCQ modem 82. As 
previously described, up to six CXMUs may be equipped in an HDT 12. The 6 
CXMUs 56 include three pairs of CXMUs 56 with each pair providing for transmit 
in a 6 MHz bandwidth. Each pair of CXMUs 56 includes one active CXMU and a 
standby CXMU. Thus, one to one pcotectioo for eadi CXMU is provided. As 
shown in Figure 3, both CXMUs of the pair are provided with upstream telephony 
data from the upstream telephony receiver 16 and are capable of transmitting via the 
coaxial line 22 to the downstream telephony transmitter 14. As such, only a control 
signal is required to provide for the one*to^ne protection indica t ing which CXMU 
56 of the pair is to be used for transmission or receptioa 

Coax Ma«g Card Logic f CXMC) 

The coax master card logic 80 (CXMC) of the CXMU 56 (Figure 12). 
provides the imer&ce between the dau signals of the HDT 12, in particular of the 
CTSU 54, and the modem interf^e for transport of dau over the HFC distribution 
network 1 1 . The CXMC 80 interfaces directly to the MCC modem 82. The CXMC 
80 also implemenu an ISU operations channel transceiver for multi*point to point 
operation berween the HDT 12 and all ISUs 100 serviced in the 6 MHz bandwidth 
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in which the CXMU 56 controls tnnspon of data within. Refcmng to Figure 1 2, the 
CXMC includes controller and logic M, downstream data conversion 8S, upstream 
dau conversion 90, data integrity 92, IOC transceiver 96, and timing generator 94. 

Downstream dau conversion 88 performs the conversion from the nine-bit 
channel format from CTSU 54 (Figure 9) to the ten4m channel format (Figure 1 0) 
and generates the dau integrity bit in each downstream channel transported over the 
HFC distribution networicll. The dau integrity bit represents odd p«ity. 
Downstream dau conversion 8 8 is comprised of at least a FIFO buffer used to 
remove the 32 gap bits 72, 74 (Figure 9) present in the downitmm CTSU outputs 
and insert the tenth, dau integrity bit, on each channel under control of controller 
and logic 84. 

The upstream dau conversion 90 includes at least a FIFO buffer which 
eval uates the tenth bit (dau integrity) appended to each of the upstream channels 
and passes this information to the dau integrity circuitry 92. The upstream dau 
conversion 90 converts the dau stream often-bit channels (Figure 10) back to the 
nine-bit channel format (Figure 9) for appUcation to CTSU 54. Such conversion is 
performed under control of controller and logic 84. 

The controller and logic 84 also manages call processing and channel 
allocation for the telephony transport over the HFC disnibution network 1 1 and 
maintains trmflBc statistics over the HFC distribution network 1 1 in modes where 
dyiumic time-slM allocation is utiliied. such as for providing TR-303 services, 
concentration aervicea commonly known to those skilled in the art In addition, the 
controUcr 84 maintains error sutistics for the channeU in the 6 MHz band in which 
the CXMU transports data, provides software protocol for all ISU operations 
channel cooununications, axul provides control for the corresponding MCC modem 
82, 

The dau integrity 92 circuitry processes the output of the tenth bit evaluation 
of fa ch upstream channel by the upstream conversion circuit 90. In the present 
system, parity is only guaranteed to be valid on a provisioned channel which has a 
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call in progress. Because inllializBd and acdvtted ISU niumittm auy be pow^ 
down when Uk ISUs axe idle, the parity evaluation performed by the CXMC is not 
always valid. A parity emr detected indicates either a transmission etror in an 
upstream channel or a transmission error in a downstream cbazmel corresponding to 
the upstream channel. 

The ISU operations channel (IOC) transceiver 96 of the CXMC 80 contains 
transmit buffers to bold messages or control data from the controller and logic 84 
and loads t h^ IOC control messages which are a fixed total of 8 bytes in length 
into a 64 kbps channel to be provided to the MCC modem 82 for transport on the 
HFC distribution network 1 1. In this implementation, all IOC channeb cany the 
same information at all times. Tliat is. the IOC messages are broadcast 
simultaneously over all dw channels. This allows the use of inexpensive and rugged 
narrow-band modems in the ISUs. reserving the more expensive and critical 
wideband models for the HDT. which uses only one modem for an entire 6MHz 
band, and which can be located centrally in a controlled environment In the 
upstream direction, the IOC transceiver receives the 64 kbps channel via the MCC 
modem 82 which provides the controUer and logic 84 with such messages. 

The Hffiitig generator circuit 94 receives redundam system clock inputs from 
both the active and protection CTSUs 54 of die HDT 12. Such clocks include a 2 
kHz HFC multiframe signal, which is generated by the CTSU 54 to synchronize the 
round trip delay on all the coaxial legs of the HFC distribution networiL This signal 
indicates multiframe alignment on the ISU operations channel and is used to 
synchronize symbol timing and data reconstruction for the transport system A 8 
kHz frame signal is provided for indicating the fint 'gap' bit of a 2.56 MHz. 32 
channel signal from the CTSU 54 to the CXMU 56. A 2.048 MHz clock is 
generated by the CTSU 54 to the SCNU 58 and the CXMU 56. The CXMU 56 uses 
this clock for ISU operations channel and modem communication between the 
CXMC 80 and the MCC modem 82. A 2.56 MHz bit clock U used for transfer of 
dau signals between the DSlUs 48 and CTSUs 54 and the CTSUs 54 and CXMCs 
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56. A 20.48 MHz bh dock is utilized for tnnsfcr of the 10-bit dau chinocb 
between the CXMC and the MCC. 

M«tgf Coax C r^ n^rr\ Modem 

The master coax card (MCC) modem 82 of the CXMU 56 interfKes on one 
side to the CXMC 80 and on the other side to the telephony transmitter 14 and 
receiver 16 for transmission on and reception from the HFC distribution network 1 1 . 
Tbe MCC modem 82 implements the modem fimctionaiity for OFDM transport of 
telephony data and control data. The block diagram of Figure 3 identifies the 
associated interconnects of the MCC modem 82 for both upstream and downstream 
communication. Tbe MCC modem 82 is not an independent module in the HDT 12. 
as it has no inter&ce to the HDT 12 other than through the CXMC 80 of the CXMU 
56. The MCC modem 82 represents the transport system logic of the HDT 12. As 
such, it is responsible for implementing all requirements ass o ci i tc d with information 
transport over the HFC distribution network 11. Each MCC modem 82 of the 
CXMUs 56 of HDT 12 is allocated a maximum bandwidth of 6 MHz in the 
downstream spectrum for telephony data and control datt transport Tbe exact 
location of the 6 MHz band is provisionable by tbe CXMC 80 over the 
communication inter&ce via tbe IOC transceiva 96 between the CXMC 80 and 
MCC modem 82. Tbe downstream transmission of telephony and control dau is in 
the RF spectrum of about 725 to 800 MHr 

Each MCC modem 82 is allocated a r^^iwutm of 6 MHz in the upstream 
spectrum for reoeipc of control dau and telephony datt from the ISUs within the RF 
spectrum of about 5 to 40 MHr Again, the exact location of the 6 MHz band is 
provisionable by the CXMC 80 over the communication interface between the 
CXMC 80 and the MCC modem 82. 

The MCC modem 82 receives 256 DSO^ channels from the CXMC 80 in the 
form of a 20.48 MHz signal as described previously above. Tbe MCC modem 82 
transmits this information to all the ISUs 100 using the multicarrier modulation 
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technique bised on OFDM as previously dis cu ssed herem. The MCC modem S2 
tlso recovers 2S6 DS(K multicarher channels in the iqistream transmission over the 
HFC disiribution network and converu this information into a 20.4S Mbps stream 
which is passed to CXMC 80. As described previously, the multicarher modulation 
technique involves tncoding the telephony and control data* such as by quadrature 
amplitude modulation, into symbols, and then performing an inverse Cut Fourier 
transfonn technique to modulate the telephony and oonnol data on a set of 
orthogonal multicaniers. 

Symbol alignment is a necessary requiremeot fisr the multicarher modulation 
technique implemented by the MCC modem 82 and the ISU modems 101 in the 
ISUs 100. In the downstream direction of transmission, all information at an ISU 
100 is generated by a single CXMU S6, so the symbols modulated on each 
multicarher are automatically phase aligned. However, upstream symbol alignment 
at a receiver of tfie MCC modem 82 varies due to the multi*point to point nature of 
the HFC distribution network 11 and the unequal delay paths of the ISUs 100. In 
order to receiver efficiency at the MCC modem 82, aU upstream symbols 

must be aligned widiin a narrow phase margin. This is doite by titilizing an 
adjustable delay parameter in each ISU 100 such that the symbol periods of all 
channels received upstream from the different ISUs 100 are aligned at the point they 
reach the HDT 12. This is part of the upstream synchronization process and shall be 
described further below. In addition, to maintain orthogonality of the multicarriers, 
the carrier frequences used for tl^ upstream transmission by the ISUs 100 must be 
frequency locked to the HDT 12. 

Incoming downstream information from the CXMC 80 to the MCC modem 
82 is frame aligned to the 2 kHz and 8 kHz clocks provided to the MCC modem 82. 
The 2 kHz multi*frame signal is used by the MCC modem 82 to convey downstream 
symbol timing to the ISUs as described in further detail below. This multiframe 
clock conveys the chaxmel correspondence and indicates the multi-carrier frame 
structure so that the telephony data may be correctly reassembled at the ISU 100. 
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Two kHz represeacs the greatest commoo fktor between 10 kHz (the modem 
symbol nte) tod 8 kHz (tbe data frame rate). 

All ISUs 100 will use the syttchrotuzation infomiatioD inserted by the 
associated MCC modem 82 to recover ail downstream timing required by tbe ISUs 
1 GO. This synchronization allows the ISUs 100 to demodulate the downstream 
information and modulate the upstream transmission in such a way that ail ISU 100 
transmissions received at the HDT 12 are synchronized to the same reference. Thus, 
the carrier frequencies used for all ISU 100 iqxstream transmission will be 
frequency locked to the HDT 12. 

The symbol alignment is performed over synchronization chanxtels in the 
downstream and upstream 6 MHz bandwidths under the reqxmsibility of the MCC 
modem 82« in addition to providing path delay adjustment, initialization and 
activation, and provisioning over such synchronization chanztels tmtil initialization 
and activation is complete as further described herein. These parameters are then 
tracked by use of tt&e IOC channels. Because of their importance in the system, the 
IOC channel and synchronization channels may use a different modulation scheme 
for transport of control data between the MCC modem 82 and ISUs 1 00 which is 
more robust or of lesser order (Less bits/sec/Hz or bits/symbol) than used for 
transport of telephony data. For example, the telephony data may be modulated 
using quadrature amplitude modulation, while the IOC channel and synchronization 
channel may be modulated ut\\mnQ BPSK modulation techniques. 

The MCC modem 82 also demodulates telephony and control data modulated 
on multicarriers by the ISUs 100. Such demodulation is described further below 
with respect to the various embodiments of the telephony transport system. 

Functions with respect to the OFDM transport system for which the MCC 
modem 82 is responsible, include at least the following, \^ch are further described 
with respect to the various embodiments in further detail. The MCC modem 82 
detects a received amplitude/level of a synchronization pulsc/pattem from an ISU 
1 00 within a synchronization chaimel and passes an indication of this level to the 
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CXMC 80 over the communication interface there be tween. The CXMC 80 then 
provides a command to die MCC modem 82 for transmission to the ISU 100 being 
leveled for adjustment of the amplitude level thereof. The MCC modem 82 also 
provides for symbol alignment of all the upstream multicarriers by correlating an 
upstream pattern modulated on a synchronization channel with respect to a known 
symbol boundary and passing a required symbol delay correction to the CXMC 80 
over the communication interface therebetween. The CXMC 80 then transnits via 
the MCC modem 82 a message downstream to the ISU 100 to adjust the symbol 
delay of the ISU 100. 

Likewise, with regard to synchronizing an ISU 100 for overall path delay 
adjustment, the MCC modem 82 correlates an upstream multiframe pattern 
modulated in the proper bandwidth by the ISU 100 on the IOC channel with respect 
to a known reference boundary, aiKl passes a required path delay correction to the 
CXMC 80 over the modem interfKe^erebetween. The CXMC 80 then transmits 
via the MCC modem 82 over the IOC channel a message downstream to adjust the 
overall path delay of an ISU 100. 

Snmmafv of Bidireetjonal Multj^PoiBt to Point Telephony Transport 

The following summarizes transport of telephony aiKi control information 
over the HFC distribution network 11. Each CXMU 56 of HDT 12 is provisioned 
with respect to its specific iq)Stream and downstream operating frequencies. The 
baiKtwidth of both tq>stream and downstream transmission by the CXMU 56 are a 
fTmyimttm of 6 MHz, With ^ downstream transmission in a 6 MHz band of the RF 
spectrum of about 725*800 MHz. 

In the downstream direction, each MCC modem 82 of the CXMU 56 provides 
electrical telephony and control data signals to the downstream telephony 
transmitter 14 via coaxial line 22 in its provisional 6 MHz bandwidth. The RF 
electrical telephony and control data signals from the MCC modems 82 of the HDT 
12 are combined into a composite signal. The downstream telephony transmitter 
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then passes the combmed electrical signal to redundant electrical-to-optical 
converters for modulation onto a pair of protected downstream optical feeder lines 
24. * • 

The downstream optical feeder lines 24 carry the telephony information and 
control dau to an ODN 18. At the ODN 18, the optical signal is converted back to 
electrical bjkI combined with the downstream video information (from the video 
head-end feeder line 42) into an electrical downstream RF output signal. The 
electrical RF output signal including the telephony informatira and control data is 
then fed to the four coaxial distribution legs 30 by ODN 18. All tele^ny 
information and control data downstream is broadcast on each coaxial leg 30 and 
carried over the coaxial portion of the HFC distribution network 11. The electrical 
downstream output RF signal is tapped from the coax and terminated on the receiver 
modem 101 of an ISU 100 through diplex filter 104, shown in Figure 8. 

The RF electrical output signals include telephony information and control 
data modulated on orthogonal multicarriers by MCC modem 82 utilizing orthogonal 
frequency division multiplexing techniques; the telephony information and control 

being mapped into symbol data and the symbols being modulated on a plurality 
of orthogonal carriers using £ut Fourier transform techniques. As the symbols art 
all modulated on carriers at a single point to be transmitted to multiple points in the 
system 10, orthogonality of the multicarriers and symbol alignment of the symbols 
modulated on the orthogonal multicarriers are automatically aligned for transport 
over die HFC distribution network 1 1 and the telephony information and control 
data is demodulated at the ISUs 100 by the modem 101. 

The ISU 100 receives the RF signal tapped from the coax of the coaxial 
portion of the HFC network 11. The RF modem 101 of the ISU 100 demodulates 
the signal azKl passes the telephony information and control data extracted to the 
CXSU controller 102 for provision to channel units 103 as appropriate. The ISU 
100 represents the interfiice where the telephony information is converted for use by 
a subscriber or customer. 



67 

The CXMUs 56 of the HDT 12 and the ISUs 100 implemeat the bidirectional 
muld-point to point telq)hony transport system of the conununication system 10. 
The CXMUs 56 and the ISUs, therefore, carry out the modem functionality. The 
transport system in accordance with the present invention may utilize three different 

5 modems to implement the modem functionality for the transport system. The first 

modem is the MCC modem 82 which is located in each CXMU 56 of the HDT 12. 
The HDT 12, for example, includes three active MCC modems 82 (Figure 3) and is 
capable of supporting many ISUs 1 00, representing a multi^int to point transport 
network. The MCC modem 82 coordinates telephony information transport as well 

10 as control data tran^>ort for controlling the ISUs 1 00 by the HDT 1 2. For example, 

the control data may include call processing messages, dynamic allocation and 
assigzunent messages, ISU synchronization control messages, ISU ooodem control 
messages, channel unit im>visioning, and any other ISU operation, administration, 
maintenance and provisioning (OAM&P) information. 

IS The second modem is a single £unily subscriber or HISU modem optimized 

to support a single dwelling residential unit Therefore, it must be low in cost and 
low in power consumption. The third modem is the multiple subscriber or MISU 
modem, which is required to generally support both residential and business 
services. 

20 The HISU modem and the MISU modem may take several forms. For 

example, the HISU modem and the MISU modem may, as described further in 
detail below with regard to the various embodiments of the present invention, 
extract only a small portion of the multicaniers transmitted fiom the HDT 12 or a 
larger portion of the multicarriers transmitted from the HDT 12. For example, the 

25 HISU may extract 20 multicarriers or 1 0 pay load channels of telephony information 

transpoxted from the HDT 12 and the MISU may extract information from 260 
multicarriers or 130 payload channels transported from the HDT 12. Each of these 
modetns may use a separate receiver portion for extracting the control data from the 
signal transported by the HDT 12 and an additional receiver portion of the HISU 
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modem to extract the telephony information modulated on the multicanien 
transported from the HDT 12. This shall be referred to hereinafter as an out of band 
ISU modem. The MCC modem 82 for use with an out of band ISU modem may 
modulate control information within the orthogonal carrier waveform or on carriers 
somewhat oSiset from such orthogonal carriers. In contrast to the out of bartd ISU 
modem, the HISU and MISU modems may utilize a single receiver for the ISU 
modem and extract both the telephony information and control data utiiiziag the 
single receiver of the modem. This shall be referred to hereinafter as an in-band 
ISU modem. In such a case, the control data is modulated on carrien within the 
orthogonal carrier waveform but may utilize different carrier modulation techniques. 
For example, BPSK for modulation of control data on the carriers as opposed to 
modulation of telephony data on payioad carrien by QAM techniques. In addition, 
different modulation techniques may be used for upstream or downstream 
transmission for both control data and telephony data. For exan^>le, downstream 
telephony data may be modulated on the carriers utilizing 2S6 QAM and upstream 
telephony data may be modulated on the carrien utilizing 32 QAM. Whatever 
modulation technique is utilized for transmission dictates what demodulation 
approach would be used at the recdving eiMl of the traiispon system. Demodulation 
of the downstream telephony information and control data transported by the HDT 
12 shall be explained in further detail below widi reference to block diagrams of 
different modem embodiments. 

In the qMtream direction, each ISU modem 101 at an ISU 100 transmits 
i^stream on at least one orthogonal multicarrier in a 6 MHz bandwiddi in the RF 
spectrum of about 5 to 40 MHz; the iq)stream 6 MHz band corresponding to the 
downstream 6 MHz band in which transmissions are received. Tbetq)5tream 
electrical telephony and control data signals are transported by the ISU modems 101 
to the respectively connected optical distribution node 18 as shown in Figure 1 via 
the individual coaxial cable legs 30. At the ODN 1 8, the upstream signals from the 
various ISUs are combined and transmined optically to the HDT 12 via optical 
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feeder lines 26.. As previously discussed, tbe upstream electrical signals from the 
various ISUs may, io part, be frequency shifted prior to being combined into a 
composite upstream optical signal. In such a case, tbe telephony receiver 16 would 
include corresponding downshifting circuitry. 

Due to tbe multi*point to point nanire of transport over tbe HFC distribution 
network 1 1 from multiple ISUs 100 to a single HDT 12, in order to utilize 
orthogoiud frequency division multiplexing techniques, symbols modulated on each 
carrier by tbe ISUs 100 must be aligned within a certain phase margixL In addition, 
as discussed in further detail below, die round trip path delay from the networlc 
interface 62 of the HDT 12 to aU ISUs 100 and back from tbe ISUs 100 to the 
network interface 62 in die communication system 10 must be equal. This is 
required so that signaling multiframe integrity is preserved throughout the system. 
In addition, a signal of proper amplitude must be received at the HDT 12 to perform 
any control funcdons with respect to the ISU 100. Likewise, with regard to OFDM 
transport from the ISUs 100, the ISUs 100 must be frequency locked to tbe HDT 12 
such that tbe multicarrien transported over the HFC distribution network 1 1 are 
orthogonally aligned Tbe transport system implements a distributed loop technique 
for implementing this multi-point to point transport utilizing orthogonal frequency 
division multiplexing as further described below. When the HDT 12 receives the 
plurality of multicarrien which are orthogoxudly aligned and yMch have telephony 
and control data modulated thereon with symbols aligned, the MCC modems 82 of 
the CXMUs S6 demodulate the telq^ny information and control dau from the 
plurality of muhicarriers in dieir corresponding 6 MHz bandwidth and provide such 
telephony data to tiie CTSU 54 for delivery to the network interfiice 62 and the 
control data to the CXMC 80 for control of the telephony transport 

As one skilled in tiie art will recognize, the spectrum allocations, frequency 
assignments, data rates, channel numbers, types of services provided and any other 
parameters or characteristics of the system which may be a choice of design are to 
be taken as exaxsples only. The invention as described in the accompanying claims 
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contemplates such desigo choices and they therefore fall within the scope of such 
claims. In addition, many functions may be implemented by software or hardware 
and either implementation is contemplated in accordance with the scope of the 
claims even though reference may only be made to implementation by one or the 
other. 

Fir^ Rmhodimgnt of Tglephonv Tnnspon System 

The first embodiment of the telephony transport system in accordance with 
the present invention shall be described with paxticular refereooe to Figures 1 3-35 
which include block diagrams of MCC modems 82, and HISU modems and MISU 
modems shown generally as ISU modem 101 in Figure 8. Such modems implement 
the iq>stream and downstream modem transport functionality. Following this 
description is a discussion on the theory of operation utilizing such modems. 

Referring to Figure 13, the spectrum allocation for one 6 MHz band for 
upstream aiKi downstream transport of telephony information and control data 
utilizing OFDM techniques is shown. The waveform preferably has 240 payload 
channels or DSO^ channels ^ch include 480 carriers or tones for accommodating 
a net data rate of 19^ Mbps, 24 IOC channels including 46 carriers or tones, and 2 
synchronization chaimels. Each synchronization channel includes two carriers or 
tones and is each ofibet from 24 IOC channels and 240 payload channels by 10 
unused carriers or tones, utilized as guard tones. The total carriers or tones is S52. 
The synchronization tones utilized for synchronization ftmctions as described 
further below are located at the ends of the 6 MHz spectrum and the plurality of 
onhogonal carriers in the 6 MHz bazKi are separated from carriers of adjacent 6 MHz 
barxis by guard bands (S16.0 kHz) at each end of the 6 MHz spectrum. The guard 
bands are provided at each end of the 6 MHz band to allow for filter selectivity at 
the transmitter and receivers of the system. The synchronization carriers are offset 
from the telephony data or payload carriers such that if the synchronization carrier 
utilized for synchronization during initialization and activation is not orthogonal 
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with the other tones or carriers within the 6 MHz bamt the syochronizuion signal is 
prevented from destroying the strxicure of the orthogonally aligned wtvefonn. The 
synchronization totes are, therefore, outside of the main body of payload carriers of 
the band and intexipersed IOC channels, although the synchronization chazmel could 
be considered a special IOC channel. 

To minimize the power requirement of the ISUs, the amount of bandwidth 
that an ISU processes is minimiTfid. As such, the telephony payload channels and 
IOC channels of the 6 KfHz band are interspersed in the telephony payload channels 
with an IOC channel located every 10 payload channels. With such a distributed 
technique, wherein subbands of payload chaimels greater than 10 include an IOC 
channel, the amount of bandwidth an ISU "sees" can be limited such that an IOC 
channel is available for the HDT 12 to communicate with the ISU 100. Such 
subband distribution for the spectral allocation shown in Figure 13 is shown in 
Figure 16. There are 24 subbands in the 6 MHz bandwidth widi each subband 
including 10 payload channels with an IOC channel b etween ti^ Sth and 6th 
payload channels. A benefit of distributing the IOC channels throughout the 6 MHz 
band is protection from narrow batKi ingress. If ingress destroys an IOC channel, 
there are other IOC channels available and the HDT 12 can re-tune an ISU 100 to a 
different portion of the 6 MHz band, where an IOC channel that is not corrupted is 
located. 

Preferably, the MISU 66 sees ^)proximately 3 MHz of the 6 MHz bandwidth 
to receive i^) to 130 payload chaimeb which bandwidth also includes numerous IOC 
chamMk for communication from the HDT 12 to the MISU 66. Tlie HISU 68 sees 
about 100 kHz of the 6 MHz bandwidth to receive 1 1 channels including at least one 
IOC chazmel for conununication with the HDT 12. 

The primary difference between the downstream and upstream paths are the 
support of downstream synchronization and upstream synchronization. In the 
downstream direction, all ISUs lock to information from the HDT (point to multi- 
point). The initialization and activation of ISUs are based on signals supplied in the 
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upstream synchronization channel. During operation, ISUs track the 
synchronization via the IOC channels. In the upstrtanu the upstream 
synchronization process involves the distributed (multi*poiot to point) control of 
amplinide, frequency, and timing; although frequency control can also be provided 
utilizing only the downstream synchronization channel as described further below. 
The process of upstream synchronization occurs in one of the two upstream 
synchronization channels, the primary or the secondary synchronization channel. 

Referring to Figure 21, the downstream transmission architecture of the MCC 
modem 82 is shown. Two serial data inputs, approximately 10 Mbps each, 
comprise the payload data from the CXMC 56 which is clocked by the 8 kHz frame 
clock input The IOC control dau input from the CXMC 56 is clocked by the IOC 
clock input, which is preferably a 2.0 kHz clock. The telephony payload data and 
the IOC control data enter through serial ports 132 and the data is scrambled as 
known to one skilled in the an by scrambler 134 to provide randomness in the 
waveform to be transmitted over the HFC distribution network 1 1 . Without 
scrambling, very high peaks in the waveform may occur, however, if the waveform 
is scrambled the symbols generated by the MCC modem 82 become sufficiently 
random and such peaks are sufficienUy limited 

Figure 58 details the operation of a typical scrambler, such as 1 34, Figure 2 1 . 
Symbol clock 4501 clocks a seed pattern through a linear*feedback shift register 
4510 having nine stages, 4510-0 through 4510-8.With XOR gate 451 1 positioned as 
shown, ti^ generator polynomial is binary ""lOO 010 000". The seed initiaUy loaded 
into register 4510 at input 4502 is ""l 1 1 001 1 10**. Two identical translation tables 
4520 and 4521 receive two-bit inputs from register 45 10 at every symbol time. The 
high- and low-order bits of table 4520 proceed from the outputs of stages 45 1 0-7 
and 4510^, respectively. High-order bit 4523 of table 4521 also receives output 
4510-6, but as its high-order bit; stage output 4510-5 provides its low-order bit 
Logic gates 4530 perform an XOR between the five-bit output of table 4520 and the 
upper five bits of a 10-bit DSO word, while gates 453 1 do the same for the lower 



73 

five bits of the same DSO word. Outputs 4S05 and 4S06 cany the two 5*bit 
scnmbled symbols for the DSO word. Each descrambler such as 1 76. Figure 22 or 
23, is identical to its corresponding scrambler. It recoven the original bit pattern of 
each symbol by 4^^'»g it with the same polynomial and seed. 

The polynomial and seed for register 4S10 of the soimblers and 
descramblers selected by known techniques to yield a maximal*length paeudo* 
random sequence. Inversion of the order of the input bits as between table 4520 and 
table 4S21 increases the scrambling of the two symbob of the DSO word. To 
increase the randomness among dififerent sequences even more, different scramblers 
in the system have different polyix>mials and seeds. Randomness could be further 
increased by using more than four different table entries; however, the added 
complexity overrode the gain, for this particular embodimem. Only the payload 
channels are scrambled; the IOC channels are not scrambled. 

Hie scrambled signals are ^yplied to a symbol mapping function 136. The 
symbol mapping function 136 takes the inptxt bits and maps them into a complex 
constellation point For exaixq>le, if tfie ii^ut bits are mapped into a symbol for 
output of a BPSK signal, every bit would be mapped to a single symbol in the 
constellation as in the mapping diagram for BPSK of Figure 15. Such mapping 
results in in^hase and quadrature values (I/Q values) for the data. BPSK is the 
modulation technique preferably used for the upstream and downstream IOC 
chaimels and the synchronization chaimels. BPSK encoding is preferred for the IOC 
control data so as to provide robustness in the system as previously disaisscd For 
QPSK modulation, every two bits would map into one of four complex values that 
represent a constellation point In the preferred embodiment 32 QAM is utilized for 
telephony payload data, wherein every five bits of payload data is mapped into one 
of 32 constellation points as shown in Figure 14. Such mapping also results in I/Q 
values. As such, one DSO^ signal (10 biu) is represented by two symbols and the 
two symbols are transmitted using two carriers. Thus, one DSO^ channel is 
transported over two carriers or tones of 6 MHz spectrum. 
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One skilled in the art will recognize thai various mapping or encoding 
techniques may be utilized with different carriers. For example, telephony channels 
carrying ISDN may be encoded using QPSK as opposed to telephony channels 
carrying POTS data being encoded using 32 QAM. Therefore, different telephony 
channels carrying different services may be modulated differently to provide for 
more robust telephony channels for those services that require such quality. The 
architecture in accordance with the present invention provides the flexibility to 
encode and modulate any of the channels differently from the modulation technique 
used for a different channel. 

Within the framework of QANf32 modulation. Figure 17 shows a 
constellation which has improved characteristics. Here, the in^^hase and quadrature 
values are shown encoded by three bits each instead of the four shown in Figure 13; 
their analog values, however, they remain in the ranges *S to -t^S. The constellation 
of Figure 1 7 ^>proaches as closely as possible to an analogy to a Gray code scheme, 
in which a transition from one row to the next and from one column to the next 
result in only a single bit change in the S*bit symbol code. (The exceptions are four 
transitions from the first column to the second, and from the fifth to the sixth, which 
have two transitions each. The comer cells have zero transitions between these 
columns, which do not detract from the advantages of the scheme.) If a symbol is 
received incorrectly after transmission, the most likely error is a slight change in 
either amplitude or phase. If the bit strings represented by the symbols have as few 
bit transitions as possible for single-value phase and anq>litude changes, then a 
reception error will create fewer bit errors on the final digital output Thai is, small 
(symbol) errors in produce small (bit) errors out 

The constellations shown in Figures 14 and 1 7 use all points of a six-cell 
square except the four comers. Hence, they have two axes of symmetry, and appear 
identical when rotated by 90*, 180*, and 270*. If a phase error ever exceeds 45*. 
an attempted correction may pull the phase to an incorrect orientatioiL This is called 
four*fold phase ambiguity. However, deliberately using one and only one of the 
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comer points as t viUd symbol provides a key for identifying the correct phase for 
errors as great as a full 180*. For example, designating tbe symbol for "16" as 
IH)10 (^S) and QH)10 (^S) instead of the I-OOl, Q^IO (-t*3« ^5) in Figure 17 
introduces a symbol at this corner point whenever a **I6** is sent upstream or 
downstream. Because only one comer is used, any received value having both 1 and 
Q values ±5 requires phase rotation until l^S and Q^S. This assignment also 
preserves the nearly Gray-code structure of the constellation. 

Any other symbol assignment which breaks the symmetry of the constellation 
would produce the same effect Even a constellation retaining (mly one axis of 
synunetry would allow twice the phase-correction range of tbe constellation of 
Figure 1 7. For example, using both the upper left and lower right comers as valid 
symbols allows correction of phase errors up to 90*. 

Fi ich symbol that gets represented by the I/Q values is mapped into a fast 
Fourier transform (FFT) bin of symbol buffer 138. For example, for a DSO-»-, 
nmning at 8 kHz firame rate, five bits are mapped into one FFT bin and five bits into 
another bin. Eadi bin or memory location of the symbol buffer 138 r e pr e s ents tbe 
payloaddataandcontroldatainthefi^uency domain as I/Q values. Onesetof 
FFT bins gets truqyped into the time domain through the inverse FFT 140, as is 
known to one skilled in tbe art The inverse FFT 140 m^n the complex I/Q values 
into time samples corresponding to the number of points in the FFT. Both 

the payload data and IOC data are mapped into the buffer 138 and transformed into 
rimg domain samples by the inverse FFT 140. Tbe number of points in tbe inverse 
FFT 140 may vary» but in the preferred embodiment the number of points is 256. 
Tbe output of the inverse FFT 140, for a 2S6 point FFT, is 2S6 time domain samples 
of the wavefomt 

In conventional practice, buffer 138 clocks symbols into inverse FFT 140 at 
exactly the same rate that inverse FFT 140 clocks out the in-pbase and quadrature 
values FFT I and FFT Q in Figure 21. To put tbe matter another way, tbe 2S6 
digital waveform samples from buffer 138 represent 360*, or 2ic radians, of a QAM 
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32 wivefonn having the amplitude axid phase of the S bits of its symbol, as 
determinedby mapping unit 136. The FFT I and Q outputs represent 256 samples 
of a frequency spectrum corresponding to the same time period. At the receiving 
end, however, any misalignment at all in the phase syiKhronization causes FFT 1 70, 
S Figure 22, or 1 80, Figure 23, to decode a portion of a previous or subsequent 

symboFs waveform along with somewhat less than the fiill cycle of the desired 
symbol; this intersymbol interference can cause misreading the symbol as a different 
valid symbol, resulting in as many as five bit errors. 

In a presently preferred embodiment, the 256 san4>les clocked into inverse 

10 FFT 140 represent an extra 45* (k/4 radians) above a complete cycle. Another way 

to think of this is that the symbols are clocked into the FFT at an eflfective 9 kHz 
rate, and clocked out at the nominal 8 kHz symbol rate. Figure 52 shows an 
unmodulated sine wave, ie., one having 1^, Q^) in the units used herein. The 
\ippcT portion shows one cycle, 0-360*, at the nominal 8 kHz frame raze. The lower 

15 portion shows the same wave at a 9 kHz rate, so that the amount of time {deviously 

occq)ied by 360* now takes up 405* of phase - from -22.5* to ^382.5*. 
Obviously, ttiere are phase discontinuities between successive cycles of the wave. 
Figure 53 shows a typical QAM 32 wave modulated at a different amplitude and a 
slightly different phase from those of Figure 52. These might correspond to, say, 

20 I«-l, in the scheme used herein. The small portions at the ends of this wave 

represent unmodulated cycles, as in Figure 52. The phase of this wave is advanced 
from the corresponding wave of the lower portion of Figure 52; it does not cross the 
zero axis at 0* and 180* of its proper cycle. It does, however, include the extra 
22.5* ofexcess phase at each end, for 45* extra over an 8 kHz cycle. Again,a 

25 phase discontinuities exist at the ends of the total 405 * phase degre es of this wave. 

In &ct, this characteristic gives the excess-phase inq>rovement an advantage 
over its primary function of providing a guard band for the symbol decoder, for 
reducing intersymbol interference. In Figure 52, successive cycles of a wave 
modulated with the same symbol (or with no symbol), produce a costintious 
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wavefonn witfa.iK) brctks or other featurts to distinguish the beginnings and endings 
of individual cycles. The lower pan of this diagram demonstrates that even an 
unmodulated excess*phase waveform contains discontinuity features seiVing as 
markers at the ends of each cycle. A repeating string of idle sjrmbols, or any other 
symbols, likewise produces these markers. In the frequency* and phase-acquisition 
and tracking aspects discussed below, such markers therefore provide definite 
waveform features for synchronizing purposes, without having to guarantee the 
transmission of any special string of varying character! strictly for synchronization. 
This saves the overhead of interrupting the pay load and/c^ IOC channels to provide 
such a string, and the complexity of storing or diverting payload information while 
the sync string is present. It also allows sync to take place at times when, because of 
the above factors, it would not be feasible otherwise. 

At the receiving end, FFT 170 (in an MISU) or 180 (HISU) decodes the 2S6 
time slots for one frame time as 40S* of a cycle to symbol decoder 1 74, which 
matches the cycle to the nearest S«bit string of bits. Because any phase difference 
up to ±22.S * will never conflate the proper wave wiA that for another symbol, ik> 
intersymbol interference at all occurs within this margin of enor in phase tracking. 
This provides a form of guard band for each symbol. In the upstream direction, 
units 186, 188, and 190 or 191 provide excess phase in the transmitting MISU and 
HISU modems of Figures 24 and 25; and the head-end receiving modem of 
Figure 26 decodes and tracks this phase as described above. 

The inverse FFT 140 has separate serial outputs for in*phase and quadrature 
(I/Q) components, FFTl and FFTO. Digital to analog converters 142 take the in- 
phase and quadrature components, which is a numeric representation of baseband 
modulated signal and convert it to a discrete waveform. The signal then passes 
through reconstruction filters 144 to remove harmonic content This reconstruction 
is needed to avoid problems arising from multiple mixing schemes and other 
filtering problems. The signal is summed in a signal conversion transmitter 1 46 for 
qxonverting the I/Q components utilizing a synthesized waveform that is digitally 
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tumble with the, iii*phase and quadrature components for mixing to the applicable 
tiwismit frequency. For example, if the synthesizer is at 600 MHz, the output 
frequency will be at 600 MHz. The components are summed by the signal 
conversion transmitter 146 and the waveform including a plurality of orthogonal 
carriers is then amplified by transmitter amplifier 148 and filtered by transmitter 
filter 1 SO before being coupled onto the optical fiber by way of telephony 
transminer 14. Such functions are performed under control of general purpose 
processor 149 and other processing circuitry of block 147 necessary to perform such 
modulation. The general purpose processor also receives ISU adjustment 
parameters from carrier, amplitude, timing recovery block 222 (Figure 26) for 
carrying out distributed loop symbol alignment, frequency locking, amplitude 
adjustment, and path delay functions as described further below. 

In conventional practice, the relationship between the frequency of a carrier 
arKi the frequency and timing of data symbols modulated onto that carrier is 
arbitrary and unimportant In ttie present system, however, it has been found that 
even very small freqtiency drifts between the 8 kHz symbol or frame clock and the 
frequencies of the tones i^on which they ride can produce significant intersymbol 
interference and distortion at the receiving end Such drifts tend to destroy the 
orthogonality of ^ channel signals produced by inverse FFT 140 in Figure 21. The 
present system also, however, provides a simple, inexpensive way to overcome this 
problem. Figure 51 shows a portion 4200 of the HDT clock/sync logic in CTSU 54, 
Figure 3. Timing recovery loop 4210 produces a single master reference clock 
output at 1024 MHz. Although loop 4210 could be a free-running oscillator, it is in 
fact slaved to the network 10, Figure 1 . With which the entire system communicates. 
This cotmection is convenient in eliminating gross or unpredictable differences 
between the data speeds of the network and the system. 

Smoothing loop 4220 evens out short-term variations in the signal from loop 
4210. Phase comparator 4221 controls a voltage-controlled crystal oscillator at 
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40.96 MHz; divider 4223 provides feedback at the proper frequency. Comparator 
4221' includes a low«pass integrator which gives phase*lock loop 4220 a bandwidth 
of about 1 30Hz. Divider 4230 reduces the frequency of VCXO 4222 to 2.S6Mhz. 
A second phase-lock loop 4240 has a phase comparator 424 1 , again with low-pass 
characteristics, feeding a voltage-controlled oscillator running at 1267.2MHz; 
divider provides feedback at the proper frequency. Divider 4250 produces the final 
RF clock frequency, 9.9MHz3t output 42S 1 . The network clock is sufficiently 
accurate over long periods of time, but it is subject to significant amounts of short- 
period jitter. The large amount of smoothing provided by loops 4220 and 4240 
overcome the intolerance of analog RF components for sbort-tem variations. 

Meanwhile, digital divider 4260 divides the master 1024MHz clock by a 
factor of 80 to produce an 8kHz symbol or frame clock output 4261 . Output 4261 
does not require the smoothing, because it clocks only digital circuits, which are 
relatively insensitive to short-term frequency changes. 

RF master clock 4261 proceeds to RF synthesizer 143 in HDT transmitting 
modem 82, as shown in Figure 21, where it directly controls the frequency of the 
tunable S0O*850MHz RF carrier for the entire band carrying all of the charmels 
shown in Figures 13 and 16. Symbol clock 4261 proceeds to the frame-clock inputs 
in Figure 21, where it controls the symbol timing, and, because it also controls the 
FFT speed, frequencies of the channels in the entire band. Clock lock 4200 thus 
provides a solid link which inherently preserves the orthogonality of the band 
signab in a multicanier system, by deriving the RF carrier clock and ttie symbol or 
frame clock from the same source. At the same time, it provides a small amount of 
gradual variation for satisfying the demands of the analog RF components. 

The overall purpose of locking the two clocks together at the HDT is to lock 
the carrier clocks and the symbol (frame) clocks throughout ibt system; and the 
purpose of this in turn is to preserve &e orthogonality of the signals in a multicarrier 
system which is capable of bidirectional operation: that is, as a multipoint-to-point- 
configuration as well as in the usual potnt-to*multipoint **broadcast** directioiL 
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Clock genentor 166, Figures 22 and 23, of timing generator 107, Figure 6 locks to 
the frequencies of the incoming signals to provide the clocks used in the remote ISU 
modules. Therefore, the carrier and frame clocks in each upstream transmitter 
portion. Figure 24, of remote modem 108, Figure 8, are also locked to each other, by 
virtue of being locked to the incoming signal from the HDT. 

At the downstream receiving end, either an MISU or an HISU provides for 
extracting telephony information and control data from the downstream 
transmission in one of the 6 MHz bandwidths. With nspocx to the MISU 66, the 
MISU downstream receiver architecture is shown in Figure 22. It includes a 100 
MHz bandpass filter 1S2 to reduce the frequency band of the received 600 to 8S0 
MHz total band broadcast downstream. The filtered signal then passes through 
voltage tuned filters 154 to remove out of band interference and further reduce the 
bandwidth. The signal is down converted to baseband frequency via quadrature and 
in*phase down converter 158 where the signal is mixed at coaq)lex mixen 156 
utilizing syndiesizer 157 which is controlled from an ou^ut of serial ports 178. The 
down converted I/Q components are passed through filters 159 and omverted to 
digital format at analog to digital converters 160. The time domain samples of the 
I/Q con^>onents are placed in a sample buffer 162 and a set of samples are inptit to 
down converter ooa^)ensation unit 164. The compensation unit 164 attempts to 
mitigate errors such as DC ofiEsets from the mixers and differential phase delays that 
occur in the down conversioit 

Carrier, amplitude and timing signaling are extracted from the compensated 
signal, by the carrier, amplitude, and timing recovery block 166 by extracting 
control data from the synchronization channels during initiaUzation and activation of 
the ISU and the IOC channels during tracking as further desoibed beilow with 
reference to Figure 33. The cooqtensated signal in parallel form is provided to fast 
Fourier transform (FFT) 170 to be converted into a vector of frequency domain 
elements which are essentially the complex constellation points with I/Q 
components originally created upstream at the MCC modem 82 for the DS(H> 
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channeb which the MISU sees. Due to inaccuracies in channel filtering, an 
equalizer 172 removes dynamic errors that occur during transmission and reception. 
Equalization in the' upstream receiver and the downstream receiver architectures 
shall be explained in further detail below with ref erence to Figure 35. From the 
S equalizer 1 72, the complex constellation points are converted to bits by symbol to 

bit convener 1 74« descrambled at descrambler 1 76 ^ch is a mirror element of 
scrambler 134, and the payload telephony information and IOC control data are 
output by the serial ports 178 to the CXSU 102 as shown in Figure 8. Block 1S3 
includes the processing capabilities for carrying out the various functions as shown 

10 therein. 

Referring to Figure 23, the HISU 68 downstream receiver architecnire is 
shown. The primary difference between the HISU downstream receiver architecture 
(Figure 23) and the MISU downstream receiver architecnire (Figure 22) is the 
amount of bandwidth being processed. The front ends of the receivers iq) to the FFT 

15 processing are substantially the same, except during the down conversion, the 

analog to digital conveners 160 can be operated at a much slower rate. For instance, 
if the bandwiddi of tte signal being iTOcessed is 100 kHz, the sainple rate can 
approximately 200 kHz. In an MISU processing a 3 KfHz signal the sample rate is 
about 6 MHz. Since the HISU is limited to receiving a maximum of 10 DSO+s, the 

20 FFT 180 can be of a smaller size. A 32 point FFT 180 is preferably used in the 

HISU and can be implemented more efficiently, con^^ared to a 128 or 256 point 
FFT utilized in tfie MISU. Therefore, the major difference between these 
architectures is that the HISU receiver architecture requires substantially less signal 
processing capability dian the MISU receiver axKi as such has less power 

25 consumption. Tlius, to provide a system wherein power consumption at the remote 

units is fwiniwii^ thc smaller band of frequencies seen by the HISU allows for 
such low consumptioiL One reason the HISU is allowed to see such a small band of 
carriers is that die IOC channels are interspersed throughout the 6 MHz spectrum. 
Referring to Figure 24, the upstream transmission architecture for the HISU 
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68 is shown. The IOC control dau and the telephony payload data from the CXSU 
102 (Figure 8) is provided to serial ports 182 at a much slower rate in the HISU than 
in the KflSU or HDT transmission architecnires, because the HISU suppons only 10 
DSO^ charuiels. The HISU upstream transmission architecture implements three 
impoitant operations. It adjusts the amplitude of the signal transmitted, the timing 
delay (both symbol axKl path delay) of the signal transmitted, and the carrier 
frequency of the signal transmined. The telephony data and IOC control data enters 
through the serial ports 1 82 under control of clocking signals generated by the clock 
generator 173 of the HISU downstream receiver architecture, and is scrambled by 
scrambler 1 84 for the reasons stated above with regard to the MCC downstream 
transmission architecture. The incoming bits are mapped into symbols, or complex 
constellation points, including I/Q components in the frequency domain, by bits to 
symbol converter 186. The constellation points are then placed in symbol buffer 
188. Following the buffer 188, an inverse FFT 190 is applied to ttie symbols to 
create time domain samples; 32 samples corresponding to the 32 point FFT. A 
delay buffer 1 92 is placed on the output of the inverse FFT 1 90 to provide multi* 
frame alignment at MCC modem upstream receiver architecture as a function of the 
upstream synchronization process controlled by the HDT 12. The delay buffer 192, 
therefore, provides a path delay adjustment prior to digital to analog conversion by 
the digital to analog converters 194 of the in-phase and quadrature components of 
the output of die inverse FFT 190. Clock delay 196 provides a fine tune adjustment 
for the symbol alignment at the request of ICX: control data ou^ut obtained by 
extractixig coiitrol data from the serial stream of data prior to being scrambled. After 
conversion to analog components by digital to analog converters 194, the analog 
coo^wnents therefrom are reconstrticted into a smooth analog waveform by the 
reconstruction filters 198. The upstream signal is then directly up converted by 
direct converter 197 to the appropriate transmit frequency under control of 
synthesizer block 195. Synthesizer block 19S is operated under control of 
commaiKis from an IOC control chazmel which provides carrier frequency 
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adjustment commands thereto as extncted in the HISU downstream receiver 
architecture. The up converted signal is then amplified by transmitter amplifier 200, 
filtered by transmitter filter 202 and transmitted upstream to be combined with other 
signals transmitted by other ISUs 100. The block 181 includes processing circuitry 
for carrying out the fimctions thereof. 

Referring to Figure 27, the upstream transmitter architecture for the MISU 66 
is shown and is substantially the same as the upstream transmitter architecture of 
HISU 68. However, the MISU 66 handles more channels and cannot perform the 
operation on a single processor as can the HISU 68. Therefore, both a processor of 
block 181 providing the fimctions of block 181 including the inverse FFT 190 and a 
general purpose processor 206 to support the architecture are needed to handle the 
increased channel capacity. 

Referring to Figure 26, the MCC upstream receiver architecture of each 
C:XMUS6attheHDT12isshown. A S to 40 MHz band pass filter 208 filters the 
\q>stream signal which is then subjected to a direct down conversion to baseband by 
mixer and synthesizer circuitry 211. The outputs of the down conversion is applied 
to anti-alias filters 210 fbr conditioning thereof and the output signal is converted to 
digital format by analog to digital converters 2^2 to provide a time donmin sampling 
of the in*phase aixl quadrature componcats of the signal to narrow band ingress 
filter and FFT 1 12. The narrow band ingress filter and FFT 1 12, as described 
below, provides protection against narrow band interference that may affect the 
upstream transmission. 

The ingress filter and FFT 1 12 protects ten channels at a time, therefore, if 
ingress affects one of the available 240 DSOH in the 6 MHz spectrum received by 
MCC modem 82, a maximum of ten channels will be destroyed from the ingress. 
The ingress filter and FFT 112 includes a polyphase structure, as will be recognized 
by one skilled in the art as a common filter technique. It will be further recognized 
by one skilled in the art that the number of channels protected by the polyphase 
filter can be varied. The output ofthe ingress filter and FFT 112 is coupled to an 
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equalizer 214 which provides correction for inaccuracies that occur in the channel, 
such as those due to noise from reference oscillators or synthesizers. The output 
symbols of the equalizer 214, are applied to a symbols to bits converter 216 where 
the symbols are mapped into bits. The bits are provided to descnmblers 2 1 8. which 
are a mirror of the scrBmblers of the ISUs 100 and the output of Ae desoamblers are 
provided to serial ports 220. The output of the serial ports is broken into two 
payload streams and one IOC control data stream just as is provided to the MCC 
downstream transmitter architecture in the downstream directioiL Block 217 
includes the necessary processing circuitry for carrying out the functions therein. 

In order to detect the downstream information, the amplitude, frequency, 
and timing of the aiiiving signal must be acquired using the downstream 
synchronization process. Since the downstream signal constitutes a point to multi- 
point node topology, the OFDM waveform arrives via a single path in an inherently 
synchronous maimer, in contrast to the upstream sigiud. Acquisition of the 
waveform parameters is initially performed on the downstream synchronization 
chaimels in the downstream synchronization baiKls located at the ends of the 6 MHz 
spectrum. These syndm>nization bands incliide a siiigle synchroiiizaDon carrier or 
tone which is BPSK modulated by a 2 kHz framing clock. This tone is used to 
derive initial amplitude, frequeiKy, and timing at the ISU. The synchronization 
carrier may be located in the center of the receive band and could be considered a 
special case of an IOC. After the signal is received and the receiver architecture is 
tuned to a typical IOC chaimel, the same circtiitry is used to track the 
synchronization parameters using the IOC chaxmel. The process used to acquire the 
necessary signal parameters utilizes carrier, amplitude and timing recovery block 
166 of the ISU receiver architecnire, which is shown in more detail in block diagram 
form in Figure 33. The carrier, amplitude and timing recovery block 166 includes a 
Costas loop 330 which is used to acquire the frequency lock for the received 
waveform. After the signal is received from the compensation unit 164, a sample 
and hold 334 and analog to digital conversion 332 is applied to the signal with the 



8S 

rtsultmg samples from the converten 332 applied to the Costas loop 330. The 
sampling is perfonned under control of voltage controlled oscillator 340 as divided 
by divider 333 which divides by the number ofpoints of the FFT utilized in the 
receiver architecOire, M. The mixers 33 1 of the Costas loop 330 art fed by the 
arriving signal and the feedback path, and seive as the loop phase detectors. The 
output of the mixers 331 are filtered and decimated to reduce the processing 
requirements of subsequent hardware. Given that the received signal is band* 
limited, less samples are required to represent the synchronization signal. If 
orthogonality is not preserved in the receiver, the filter will eliminate undestred 
signal components from the recovery process. Under oonditiras of orthogonality, 
the LPF 337 will completely remove efifects from adjacent OFDM carriers. When 
carrier frequency lock is achieved, the process will reveal the desired BPSK 
waveform in the in-phase arm of the loop. The output of the decimators are fed 
through anotfKT mixer, then processed through the loop filter with filter function 
H(s) and numerically controlled oscillator (NCO), con^leting the feedback path to 
correct for frequency error. When the error is at a "small" level, the loop is locked. 
In order to achieve &st acquisition and minimal jitter during tracking, it will be 
necessary to employ dual loop bandwidths. System operation will require that 
frequency lock is achieved and maintaii>ed within about i4% of the OFDM channel 
spacing (360 Hz). 

The anq>litude of the signal is measured at the ou^ut of the freqxiency 
recovery loop at BPSK power detector 336. The total signal power will be 
measured, and can be used to adjust a numerically controllable analog gain circuit 
(not shown). The gain circuit is intended to normalize the signal so that the analog 
to digital converters are used in an optimal operating regiort 

Timing recovery is performed using an eariy-late gate type algorithm of 
eariy*late gate phase detector 338 to derive timing mot, and by adjusting the sample 
clock or oscillator 340 in response to the error signal. The early-late gate detector 
results in an advance/retard command during an update interval. This coounand 
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will be applied to the sample clock or oscillator 340 through filter 341. TUs loop is 
held off until frequency lock and amplitude lock have been achieved. When the 
timing loop is locked, it generates a lock indicator signal. The same clocks are also 
used for the upstream transmission. The carrier, timing and amplitude recovery 
block 166 provides a reference for the clock generator 168. The clock generator 168 
provides all of the clocks needed by the MISU, for example, the 8 kHz frame clock 
and the sample clock. 

Carrier, amplitude, and timing recovery block 222 of the MCC modem 
upstream receiver architecttire (Figure 26), is shown by the synchronization loop 
diagram of Figure 34. It performs detection for upstream synchronization on signals 
on the upstream synchronization chaxmel. For initialization and activation of an 
ISU, upstream synchronization is performed by the HDT comnunding one of the 
ISUs via the downstream IOC control channels to send a reference signal upstream 
on a synchronization channel. The carrier, amplitude, and timing recovery block 
222 measures the parameters of data from the ISU 100 that responds on the 
synchronization channel and estimates the frequency error, the amplitude error, and 
the timing error compared to references at the HDT 12. The output of the carrier, 
amplitude, and timing recovery block 222 is turned into adjustment commands by 
the HDT 12 and sent to the ISU being initialized and activated in the downstream 
direction on an IOC control channel by the MCC downstream transmitter 
architecture. 

The purpose of the i^>stream synchronization process is to initialize and 
activate ISUs such that the waveform from distinct ISUs combine to a unified 
waveform at die HDT 12. The parameters that are estimated at the HDT 12 by 
carrier, amplitude, and »i"i«"g recovery block 222 and adjusted by the ISUs are 
amplitude, timing, and frequency. The amplitude of an ISUs signal is normalized so 
that DSO^ are apportioned an equal amount of power, and achieves a desired signal 
to noise ratio at the HDT 12. In addition, adjacent ISUs must be received at the 
conect relative level or else weaker DSO^ channels will be adversely mpacted by 
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the transient behavior of the stronger DS(K channels. If a pay load channel is 
transmitted adjacent to another payload channel with sufficient freque. cy error, 
orthogonality in the OFDM waveform deteriorates and error rate, performance is 
compromised. Therefore, the frequency of the ISU must be adjusted to close 
tolerances. Timing ofthe recovered signal also impacts orthogonality. A symbol 
which is not aligned in time with adjacent symbols can produce transitions within 
the part ofthe symbol that is subjected to the FFT process. If die transitions of all 
symbols don't fidl within the guard interval at the HDT, approximately ±16 tones (8 
DS(Hs) relative to the non-orthogonal channel will be unreoovend>le. 

During upstream synchronization, the ISUs will be commanded to send a 
signal, for example a square wave signal, to establish amplitude and frequency 
accuracy and to align symbols. The pattern signal may be any signal which allows 
for detection ofthe parameters by carrier, an4>litude and timing recovery block 222 
and such signal may be different for detecting different parameters. For example, 
the signal may be a continuous sinusoid for amplitude and frequency detection and 
correction and a square wave for symbol Timing. Tbe carrier, an4>litude and timing 
recovery block 222 estimates die three distributed loop parameters. In all three 
loops, the resulting enror signal will be converted to a command by the CXMC 80 
and sent via the MCC modem 82 over an IOC channel and the CXSU will receive 
the command and control the adjustment nuuie by the ISU. 

As shown in Figure 34, the upstream synchronization from the ISU is 
sampled and held 434 and analog to digital converted 432 under control of voltage 
controlled oscillator 440. Voltage controlled oscillator is a local reference oscillator 
which is divided by M, the points ofthe FFT in the receiver architecture, for control 
of sample and hold 434 and analog to digital converter 432 and divided by k to 
apply an 8 kHz signal to phase detector 438. 

Frequency error may be estimated utilizing the Costas loop 430. The Costas 
loop 430 anempts to establish phase lock with the locally generated frequency 
reference. After some period of time, loop adaptation will be disabled and phase 
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differtace with respect to the time will be used to estimate the frequency error. The 
frequency error is geoented by filter function H(s) 444 and provided to the CXMC 
80 for processing to send a frequency adjustment command to the ISU via an IOC 
control chaxmel. The frequency error is also applied to the numerically controlled 
oscillator (NCO) to complete the frequency loop to cor rec t for frequency error. 

The amplitude error is computed based on the magninide of the carrier during 
the upstream synchronization by detecting the carrier amplitude of the in-phase arm 
of the Costas loop 430 by power detector 436. The amplitude is compared with a 
desired reference value at reference comparator 443 and the error will be sent to the 
CXMC 80 for processing to send an amplitude adjustment command to the ISU via 
an IOC control channel. 

When the local reference in the HDT has achieved phase lock, the BPSK 
signal on the synchronization channel arriving from ISU is available for 
processing. The square wave is obtained on the in*phase arm of the Costas loop 430 
and applied to eariy*late gate phase detector 438 for comparison to the locally 
generated 8 kHz signal from divider 435. The phase detector 438 generates a phase 
or symbol timing error applied to loop filter 441 and output via line 439. The phase 
or symbol timing error is then provided to the CXMC 80 for processing to send a 
symbol timing adjustment comnumd to the ISU via an IOC control channel. 

The mechanisms in the ISU which adjust the parameters for iq>stream 
synchronization include in^)lementing an amplitude change with a scalar 
multiplication of the time domain waveform as it is being collected from the digital 
processmg algorithm, such as inverse FFT 190, by the digital to analog converters 
194 (Figure 24). Similarly, a complex mixing signal could be created and 
implemented as a complex multiply ^>plied to the inpMX to the digital to analog 
converters 194. 

Frequency accuracy of both the downstream sample clock and upstream 
sample clock, in the ISU, is established by phase locking an oscillator to the 
downstream synchronization and IOC information. Upstream transmission 
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frequency is Adjusted, for example, at synthesizer block 195 as commanded by the 
HDT 12. 

Symbol timing corrections are implemented as a delay function. Symbol 
timing alignment in the ISU upstream direction is therefore established as a delay in 
the sample timing accomplished by either blanking a sample interval (two of the 
same samples to go out simultaneously) or by putting in an extra clock edge (one 
sample is clocked out and lost) via clock delay 196 (Figure 24). In this manner, a 
delay function can be controlled without data storage overhead beyond that already 
required. 

After the ISU is initialized and activated into the system, ready for 
transmission, the ISU will t«*«"*«'" required upstream sytKhronization system 
parameters using the carrier, amplinide, frequency recovery block 222. An unused 
but initialized and activated ISU will be commanded to transmit on an IOC and the 
block 222 will estimate the parameters therefrom as explained above. 

In boA the upstream transmitter architectures for the MISU 66 (Figure 24) 
and the HISU 68 (Figure 25), frequency oflbct or correction to achieve orihogonaUty 
ofthe carriers at HDT 12 can be determined on the ISU as opposed to the frequency 
offset being determined at the HDT during synchronization by carrier, amplinide 
and timing itcovery block 222 (Figure 26) and then frequency ofiEset adjustment 
commands being transmitted to the ISU for adjustment of carrier frequency via the 
synthesizer blocks 195 and 199 of the HISU 68 and MISU 66, respectively. Thus, 
frequency error would no longer be detected by carrier, amplitude and timing 
recovery block 222 as described above. Rather, in such a direct ISU 
implementation, the ISU, whether an HISU 68 or MISU 66, estimates a frequency 
error digitally from the downstream signal and a correction is applied to the 
upstream data being transmitted. 

The HDT 12 derives all transmit and receive frequencies from the same 
fundamental oscillator. Therefore, all mixing signals are frequency locked in the 
HDT. Similarly, the ISU, whether an HISU 68 or MISU 66, derives aU transmit and 
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rtceive fttquencies from the same fundamentAl oscillator, therefore, all the mixing 
signals on the ISU ait also frequency locked. There is, however, a frequency offset 
present in the ISU oscillators relative to the HDT oscillators. The amount of 
frequency error (viewed from the ISU) will be a fixed percentage of the mixing 
frequency . For example, if the ISU oscillator is lOPPM off in frequency from the 
HDT oscillators, and the downstream ISU receiver mix frequency was 100 MHz and 
the ISU upstream transmit mixing frequency were 10 MHz, the ISU would have to 
correct for 1 kHz on the downstream receiver and create a signal with a 100 Hz 
offset on the upstream transmitter. As such, widi ISU direct implementation, the 
frequency offset is estimated from the downstream signal. 

The estimation is performed with digital circuitry performing numeric 
calculations, i.e. a processor. Samples of the sjmchronization channel or IOC 
channel are collected in hardware during operation of the system. A tracking loop 
drives a digital numeric oscillator which is digitally mixed against the received 
signal. This process derives a signal internally that is essentially locked to the HDT. 
The internal numehcal mix accounts for the frequency ofE^t During the process of 
locking to the downstream signal in the ISU, the estimate of frequency error is 
derived and with the downstream frequency being known, a fractional frequency 
error can be computed. Based on the knowledge of the mixing friequency at the 
HDT that will be used to down convert the upstream receive signal, an ofiset to the 
ISU transmit frequency is computed. This frequency ofiEset is digitally applied to 
the ISU transmitted signal prior to converting the signal to the analog domain, such 
as by converters 194 of Figure 24. Therefore, the frequency correction can be 
performed directly on the ISU. 

Referring to Figures 31 and 32, the narrow band ingress filter and FFT 1 12 of 
the MCC iq>stream receiver architecture, including a polyphase filter structure, will 
be described in further detail. Generally, the polyphase filter structure includes 
polyphase filters 122 and 124 and provides protection against ingress. The 6 MHz 
band of upstream OFDM carriers from the ISUs 100 b broken into subbands 
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through the polyphase filters which provide filtering for smill groups of carriers or 
tones, and if an ingress affects carriers within a group of carriers, only thai group of 
carriers is affected and the other groups of carriers art protected by such filtering 
characteristics. 

The ingress filter str\icture has two parallel banks 122, 124 of polyphase 
filters. One bank has approximately 1 7 different non-overlapping bands with 
channel spaces between the bands. A niagnitude tcspooK of a single polyphase 
filter bank is shown in Figure 29. The second bank is oBkx fiom the first bank by 
an amount so that the channels that are not filtered by the first bank are filtered by 
the second bank. Therefore, as shown in the closeup magnitude response of a single 
polyphase filter bank in Figure 30, one band of channels filtered nuy include those 
in frequency bins 38*68 with the center carriers corresponding to bins 45-61 being 
passed by the filter. The overlapping filter provides for filtering carriers in the 
spaces between the bands and the carriers not passed by the other filter banL For 
example, the overiapping filter may pass 28-44. The two channel banks are offset 
by 16 freqtiency bins so that die combination of the two filter banks receives every 
one of die 544 channels. 

Referring to Figure 31, the ingress filter stnicture receives the sampled 
waveform x(k) from the analog to digital converters 212 and then complex mixers 
1 1 8 and 120 i»ovide the stagger for application to the polyphase filters 122, 124. 
The mixer 1 1 8 uses a constant value and the mixer 120 uses a value to achieve such 
ofibet The outputs of each mixer enters one of the polyphase filters 122, 124. The 
output of each polyj^iase filter bank cooqmses 18 baxnls, each of which contain 16 
usable FFT bins or each band supports sixteen carriers at the 8 kHz rate, or 8 DS(Hs. 
One band is not iitiliTrd 

Each band output ofdK polyphase filters 122, 124 has 36 samples per 8 kHz 
frame including 4 guard samples and enters a Fast Fourier Transform (FFT) block 
126, 128. The first operation performed by the FFT blocks 126, 128 is to remove 
the four guard samples, thereby leaving 32 time domain points. The output of the 
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ffft ^^h FFT in the blocks is 32 frequency bins* 16 of which are used with the other 
bins providing filtering. The output of the FFTs are staggered to provide overlap. 
As seen in Figure 31, carriers 0 * IS are output by FFT #1 of the top bank, carriers 
16 - 3 1 are output by FFT #1 of the bonom bank, canien 32 * 48 are output by FFT 
#2 of the top bank and so on. 

The polyphase filters 122, 124 are each standard polyphase filter construction 
as is known to one skilled in the an and each is shown by the smicture of Figure 32. 
The input signal is sampled at a S.184 mega- sample per second rate, or 648 
samples per frame. The wpixt is then decimated by a factor of 18 (1 of 18 samples 
are kept) to give an effective sample rate of 288 kHr This signal is subjected to the 
finite impulse response (FIR) filters, labeled HoJZ) through Ho.i«(Z), which include 
a number of taps, preferably 5 t^>s per filter. As one skilled in the art will recognize 
the number of taps can vary and is not intended to limit the scope of the invention. 
The ouq>uts from the filters enter an 18 point inverse FFT 130. The ouq>ut of the 
transform is 36 samples for an 8 kHz frame including 4 guard samples and is 
provided to FFT blocks 126 and 128 for processing as described above. The FFT 
tones are preferably spaced at 9 kHz, and the information rate is 8 kilosymbok per 
second with four guard samples per symbol allotted. The 17 bands from each 
polyphase filter are applied to the FFT blocks 126, 128 for processing and output of 
the 544 carriers as indicated above. One band, the 18th band, as indicated above, is 
not used. 

The equalizer 214 (Figure 26) and 172 (Figure 22), in both i4>stream and 
downstream receiver architectures, is supplied to account for changes in group delay 
across the cable plant The equalizer tracks out phase and gain or azi^)litude 
variations due to environmental changes and can therefore adapt slowly while 
maintflmtng suflBcicntly accuratc tracking. The coefficients 360 of the equalizer 
1 72, 2 14, for which the internal equalizer operation is generally shown in Figure 35, 
represent the inverse of the channel frequency response to the resolution of the FFT 
112, 1 70. The downstream coefficients will be highly correlated since every 
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channel will progress through the same signal path as opposed to the upstream 
coefficients which may be uncorrelated due to the variant channels that individual 
DSCHs Ruiy encounter in the multi*point to point topology. While the channel 
characteristics are diverse, the equalizer will operate the same for either upstream or 
downstream receiver. 

The downstream equalizer will track on only the IOC channels, thus reducing 
the computational reqtiirements at the ISUs and removing the requiremeat for a 
preamble in the payload channels, as described further below, since the IOC 
channels are always transmitted. The upstream, however, will require eqixalization 
on a per DS(H and IOC channel basis. 

The algorithm used to update the equalizer coefficients contains several local 
minima when operating on a 32 QAM constellation and suffers from a four*fold 
phase ambiguity. Furthermore, each DS(K in the upstream can emanate from a 
separate ISU, and can therefore have an independent {diase shift To mitigate this 
problem, each communication onset will be required to post a fixed symbol 
preamble prior to data transmissiozL Note that the IOC channels are excluded from 
this requirement since they are Mi equalized and that the preamble cannot be 
scrambled. It is known that at the time of transmission, the HDT 12 will still have 
accurate frequency lock and symbol timing as established during initialization and 
activation of the ISU and will r^^nt^in synchronization on the continuously 
available downstream IOC channel. 

The introducticm of the preamble requires that tfie equalizer have knowledge 
of its process state. Three states are introduced which include: search, acquisition, 
and tracking mode. Search mode is based on the amount of power present on a 
channel. Transmitter algorithms will place a zero value in unused FFT bins, 
resulting in no power being transmitted on that particular frequency. At the 
receiver, the equalizer will determine that it is in search mode based on the absence 
of power in the FFT bin. 
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When tnnsmission begins for an initialized and activated ISU, the equalizer 
detects the presence of signal and enters the acquisition mode. The length of the 
preamble may be about 15 symbols. The equalizer will vary the equalization 
process based on the preamble. The initial phase and amplitude correction will be 
large but subsequent updates of the coefficienu will be less significant In order to 
differentiate the training panem from any other data sequence, when the HDT 
infonns an ISU to connect a new payload channel, the ISU transmits 16 consecutive 
symbols having I-O and Q-0* ^ch is not a valid data symbol in the constellations 
of Figures 14 or 1 7. The ISU then transmitt 8 valid data symbols, allowing the 
equalizer for that chazmel to set its coefficient properly to adjust for amplitude and 
phase of the incoming signal. 

After acquisition, the equalizer will enter a tracking mode with the update rate 
being reduced to a minimal level. The tracking mode will continue until a loss of 
power is detected on the channel for a period of time. The channel is then in the 
unused but initialized and activated state. The equalizer will not train or track when 
the receiver is being tuned and the coefficients will not be updated. The coefficients 
may be accessed and used such as by signal to noise detector 30S (Figure 26) for 
channel monitoring as discussed further below. 

For the equalization process, the I/Q components are loaded into a buffer at 
the output oftheFFT, such as FFT 112, 180. As will be apparent to one skilled in 
the art, the following description of the equalizer structure is with regard to the 
upstream xtceiver equalizer 214 but is equally applicable to the downstream receiver 
equalizer 172. The equalizier 214 extracts time domain samples from the buffer and 
processes one complex sample at a time. The processed information is then output 
therefrom. Figure 3S shows the basic structure of the equalizer algorithm less the 
state control algorithm which should be apparent to one skilled in the art The 
primary equalization path performs a complex multiply at multiplier 370 with the 
value from the selected FFT bin. The output is then quantized at symbol quantize 
block 366 to the nearest symbol value from a storage table. The quantized value 
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(hard decision) is passed out to be decoded into bits by symbols to bits convener 
216. The remainder ofthe circuitry is used to update the equalizer coefficients. An 
error u calculated between the quantized symbol value and the equalized sample at 
summer 364. This complex error is multiplied with the received sample at 
multiplier 363 and the result is scaled by the adaptation coefficient by multiplier 362 
to form an update value. The update value is summed at summer 368 with the 
original coefficient to result in a new coefficient value. 

Opgration nf Fim F,tnh<v>imeni 
In the preferred embodiment, the 6 MHz freq«»cy band for each MCC 

modem 82 of HDT 12 is allocated as shown in Figure 13. Although the MCC 
modem 82 transmitt and receives the entire 6 MHz band, the ISU modems 100 

(Figure 8) are optimized for the specific application for which they are designed and 
may terminate/generate fewer than the total number of carriers or tones aUocated in 
the 6 MHz band. The upstream and dovwistream band allocations are preferably 
symmetric. The upstream 6 MHz bands from the MCC modems 82 lie in the 5-*0 
MHz spectrum and the downstream 6 MHz bands lie in die 725-760 MHz spectrum. 
One skiUed in the art wiU recognize that if different transmission inedia are titilized 
for upstream and downstream tjinsmission, the frequencies for transmission may be 
the same or overlap but still be iion«interfertng. 

There are three regions in each 6 MHz frequency band to support specific 
operadons. such as transport of telephony payload data, transport of ISU system 
opentions and control data (IOC control data), and upstream and downstream 
synchronization. Each carrier or tone in the OFDM frequency band consists of a 
sinusoid which is modulated in amplinide and phase to form a complex constellation 
point as previously described. The ftmdamental symbol rate of the OFDM 
waveform is 8 kHz, and there are a total of 552 tones in the 6 MHz band. The 

following Table 2 summarizes the preferable modulation type and bandwidth 
allocation for the various tone classificadons. 
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Table! 



Band 

Allocation 


Number of Tones or 
Carriers 


Modulation 


Capacity 


Bandwidth 


Band 


24 tones(2 synch tones at 
each end and 10 guard 
tones at each end) 


BPSK 


n/a 


216kHz 1 


Data 


480 (240 DSO* channels) 


32 QAM 


19.2 MBPS 


4.32 MHz 


IOC 


48 (2 every 20 data 
channels or 24 IOC 
channels) 


BPSK 


384 kbps 


432 kHz 


Intra*band 
guard 


Remainder on each end 


n/a 


n/a 


1.032 MHz 1 
(516 kHz at | 
each end) 


Composite 
Signal 


SS2 


n/a 


n/a 


6.0 MHz 



Guard bands are provided at each end of the spectrum to aUow for selectivity 
filtering after transmission and prior to reception. A total of 240 telephony data 
channels arc included throughout the band, which accommodates a net data rate of 
192 Mbps. This capacity was designed to account for additive ingress, thereby 
retaining enough support to achieve concentration of users to the central oflBcc. The 
IOC channels are interspersed throughout the band to provide redundancy and 
communication siqjport to narrowband receivers located in the HISUs. The IOC 
data rate is 1 6 kbps (two BPSK tones at the symbol rate of 8 kHz frames per 
second). Effectively, an IOC is provided for every 10 payload data channels. An 
ISU, such as an HISU, that can only see a single IOC channel would be forced to 
rcnme if the IOC channel is corrupted. However, an ISU which can see multiple 
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IOC chmncls can select an alicmaic IOC channel in the event that the primary 
choice is comipt, such as for an NflSU. 

The synchmnization channels are duplicated at the ends of the band for 
redundancy, and are offeet from the main body of usable camera to guarantee that 
S the synchronization channels do not interfere with the other used channels. The 

synchronization channels were previously described and will be further described 
below. The synchronization channels are operated at a lower power level than the 
telephony payload channels to also reduce the effect of any interference to such 
channels. This power reduction also allows for a smaUer guard band to be used 
1 0 between the synchronization channels and the payload tele^ny channels. 

One synchronization or redundant synchronization channels may also be 
implemented within the telephony channels as opposed to being otbet therefrom. In 
order to keep them from interfering with the telephony channels, the 
synchronization channels may be implemented using a lower symbol rate. For 
1 5 exao^le, if the telephiMiy channels are implemented at an 8 kHz symbol rate, the 

synchronization channels could be in^lemented at a 2 kHz symbol rate and also 
may be at a lower power level. 

Tlie ISUs 100 are designed to receive a subband, as shown in Figure 1 6, of 
the total aggregate 6 MHz spectrum. As an example, the HISU 68 will preferably 
20 detea only 22 oftfae available S52 channels. This implementation is primarily^ 

cost/power savings technique. By reducing the number of chaimels being received, 
the sample rate and associated processing requirements are dramatically reduced and 
can be achievable wiA common conversion parts on the market today. 

A given HISU 68 is limited to receiving a mnximum of 10 DSOs out of the 
25 payload data channeb in ttie HISU receiver's frequency view. The r emainin g 

channels will be used as a guard interval. Fuithermore, in order to reduce the 
power/cost requirements, synthesizing frequency steps will be limited to 1 9 8 kHz. 
An IOC channel is provided for as shown in Figure 16 so that every HISU 68 wiU 
always see an IOC channel for control of the HISU 68 via HDT 12. 
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The MISU 66 is designed to receive 13 subbands, is shown in Figure 16. or 
130 of the 240 aviilable DSOs. Again, the nining steps will be limited to 198 kHz to 
realize an efficient synthesizer implementation. These are preferred values for the 
HISU 68 and MISU 66, and it will be noted by one skilled in the art that many of 
the values specified herein can be varied without changing the scope or spirit of the 
invention as defined by the accompanying claims. 

As known to one skilled in the art, there may be need to support operation 
over channels in a bandwidth of less than 6 MHz. With appropriate software and 
hardware modifications of the system, such reconfiguration is possible as would be 
apparent to one skilled in the art For example, for a 2 MHz system, in the 
downstream, the HDT 12 would generate the channels over a subset of the total 
band The HISUs are inherently narrowband and would be able to tune into the 2 
MHz band. The MISUs siq)porting 130 channels, would receive signals beyond the 
2 MHz band. Tbey would require reduction in filter selectivity by way of a 
hardware modification. An eighty (80) channel MISU would be able to operate with 
the constraintt of the 2 MHr system. In the i^stream, the HISUs would generate 
signals within the 2 MHz band and the MISUs transmit section would restrict the 
information generated to the narrower band. At the HDT, the ingress filtering 
would provide sufficient selectivity against out of band signal energy. The 
narrowband system would require synchronization bands at the edges of the 2 MHz 
band. 

As previously described, acquisition of signal parameters for initializing the 
system for detection of the downstream information is performed using the 
downstream synchronization chanikels. The ISUs use the carrier, amplitude, timing 
recovery block 166 to establish the downstream synchronization of frequency , 
amplitude rimmg for such detection of downstream information. The 
downstream signal constitutes a point to multi-point topology and the OFDM 
waveform arrives at the ISUs via a single path in an inherently synchronous manner. 
In the iq>stream direction, each ISU 100 must be initialized and activated through a 
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process of upstream synchronization before an HDT 12 can enable tbe ISU 100 for 
transmission. The process of upstream synchronization for the ISUs is utilized so 
that the waveform from distinct ISUs combine to a unified waveform at the HDT. 
The upstream synchronization process, portions of which were previously described, 
involves various steps. They include: ISU transmission level adjustnmit, upstream 
multicarrier symbol alignment, carrier frequency adjustment, and round trip path 
delay adjustment Such synchronization is performed after acquisition of a 6 MHz 
barKl of operatioiL 

GeDerally, with respect to level adjustment, tbe HDT 12 calibrates the 
measured signal strength of tbe upstream transmission received from an ISU 100 
and adjusts ^ ISU 100 transmit level so that all ISUs are within acceptable 
threshold. Level adjustment is performed prior to symbol alignment and path delay 
adjustment to wviwiitp^ the accuracy of diese measurements. 

Generally, symbol alignment is a necessary requirement for the multicarrier 
modulation approach implemented by tbe MCC modems 82 and the ISU modems 
101. In tbe downstream direction of transmission, all information received at the 
ISU 100 is generated by a single CXMU 56, so tbe symbols modulated on each 
multicarrier are automatically phase aligned. However, upstream symbol alignment 
at tbe MCC modem 82 receiver architecnire varies due to tbe multi-point to point 
nanire of the HFC distribution networic 1 1 and the unequal delay paths of the ISUs 
1 00. In order to have maximum receiva efficiency, all upsoxam symbols must be 
aligned witfun a narrow ^basc margin. This is done by fmviding an adjustable 
delay path parameter in each ISU 100 such that the symbol periods of all channels 
received upstream torn the different ISUs are aligned at the point they reach the 
HDT 12. 

Generally, round trip path delay adjustmem is performed such that the round 
trip delay from tbe HDT network interface 62 to aU ISUs 100 and back to the 
network inter&ce 62 from all the ISUs 100 in a system must be equal. This is 
required so that sigiuding multiframe integrity is preserved throughout tbe system. 
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AH round trip processing for ihc telephony transpon section has a predicuble delay 
with the exception of the physical delay associated with signal propagation across 
the HFC distribution network 1 1 itself. ISUs 100 located at close physical distance 
from the HDT 12 will have less round trip delay than ISUs located at the maximum 
distance from the HDT 12. Path delay adjustment is implemented to foree the 
transport system of all ISUs to have equal round trip popagation delay. This also 
maintains DSI multiframe alignment for DSl channels transported through the 
system, maintaining in-band channel signaling or robbed^it signaling with the same 
alignment for voice services associated with the same DS 1 . 

Generally, carrier frequency adjustment must be performed such that the 
spacing between carrier frequencies is such as to maintain orthogonality of the 
carriers. If the multicarriers are not received at the MCC modem 82 in orthogonal 
alignment, interference between the multicairicrs may occur. Such carrier frequency 
adjustment can be performed in a manner like that of symbol timing or amplimde 
adjustment or may be implemented on the ISU as described previously above. 

In the initialization process, when the ISU has just been powered }sp. the ISU 
100 has DO knowledge of which downstream 6 MHz frequency band it should be 
receiving in. TUs results in the need for the acquisition of 6 MHz band in the 
initialization process. Until an ISU 100 has successfully acquired a 6 MHz band for 
operatioiu it implements a "scaxming" approach to locate its downstream frequency 
band. GeneraUy, a local processor of the CXSU controUer 102 of ISU 100 starts 
with a de£uilt 6 MHz receive frequency band somewhere in the range from 625 to 
8S0 MHz. The ISU 100 waits for a period of time, for example 100 milliseconds, in 
each 6 MHz band to look for a valid 6 MHz acquisition command which matches a 
unique identification number for the ISU 1 00 after obtaining a valid synchronization 
signal; which unique identifier may take the form of or be based on a serial number 
of the ISU equipment If a valid 6 MHz acquisition command or valid 
synchronization command is not found in that 6 MHz baixi, the CXSU controller 
102 looks at the next 6 MHz band and the process is repeated. In this manner, as 
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explained ftathcr below, the HDT 12 cm tell the ISU 100 which 6 MHz band it 
should use for frequency reception and later which band for frequency transmission 
upstream. 

The process of initialization and activation of ISUs, as generally described 
above, and tracking or foUowMip synchronization is fuitfaer described below. This 
description is written using an MISU 66 in conjunction with a CXSU controller 102 
but is equally applicable to any ISU 100 implemented with an equivalent controller 
logic. The coax master card logic (CXMC) 80 is instzucted by the shelf controller 
unit (SCNU)S8 to initialize and activate a particular ISU 100. The SChOJ uses an 
ISU designation number to address the ISU 100. Tbe CXMC 80 correlates the ISU 
designation number with an equipment serial number, or unique identifier, for the 
equipment No two ISU equipments shipped from the factory possess the same 
unique identifier. If tbe ISU 100 has never before been inidalized and activated in 
the current system database, the CXMC 80 chooses a personal identification number 
(PIN) code for the ISU 100 being initializBd and activated. TUs PIN code is then 
stored in tbe CXMC 80 and effectively represents the "address* for aU 
communications with that ISU 100 which wiU foUow. Hie CXMC 80 maintains a 
loolnv table between each ISU designation number, the unique identifier for tbe 
ISU equipment, and the PIN code. Each ISU 100 associated witii the CXMU S6 has 
a unique PIN address code assignmem. One PIN address code will be reserved for a 
broadcast feaure to aU ISUs, which allows for tiie HDT to send messages to all 
initialized and activated ISUs 100. 

The CXMC 80 sends an initialization and activation enabling message to the 
MCC modem 82 which notifies tbe MCC modem 82 tiiat the process is beginning 
and tbe aaswiatH detection functionality in the MCC modem 82 should be enabled. 
Such functionality is performed at least in part by carrier, amplitude, timing 
recovery block 222 as shown in the MCC upstream receiver architecnire of Figure 
26 and as previously discussed 

The CXMC 80 transmits an identification message by tiie MCC modem 82 
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over All IOC channels of the 6 MHz band in which it tnnsmits. The message 
includes a PIN address code to be assigned to the ISU being initialized and 
activated, a command indicating that ISU initialization and activation should be 
enabled at the ISU 100, the unique identifier for the ISU equifment, such as the 
equipment serial number, and cyclical redundancy checksum (CRC). The messages 
are sent periodically for a certain period of time, T^cam^ which is shown as 6. 16 
seconds in Figure 20 and which is also shown in Figure 19. This period of time is 
the maximum time which an ISU can scan ail downstream 6 MHz bands, 
synchronize, and listen for a valid identification message. The periodic rate, for 
example SO msec, affects bow quickly the ISU leams its identity. The CXMC 80 
will never attempt to synchronize more than one ISU at a time, but will attempt to 
identify several ISUs during burst identification as described further below. A 
software timeout is implemented if an ISU does not respond after some ma xi m u m 
time limit is exceeded. This timeout must be beyond the maximum time limit 
required for an ISU to obtain synchronization functions. 

During periodic tnnsmission by CXMC 80, the ISU implements the scanning 
approach to locate its downstream frequency band. Tlie local processor of the 
CXSU starts with a de&ult 6 MHz receive frequency band somewhere in the range 
from 625 to 850 MHz. The ISU 100 selects the primary synchronization channel of 
the 6 MHz band and then tests for loss of synchronization after a period of time. If 
loss of synchronization is still present, the secondary synchronization channel is 
selected and tested for loss of synchronization after a period of time. If loss of 
synchronization is still present, then the ISU restarts selection of the synchronization 
channels on the next 6 MHz band which may be 1 MHz away but still 6 MHz in 
width. When loss of synchronization is not present on a synchronization channel 
then the ISU selects iht first subband including the IOC and listens for a correct 
identification message. If a correct identification message is found which matches 
its unique identifier then the PIN address code is latched into an appropriate register. 
If a correct identification message is not found in the first subband on that IOC then 
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a middle subband and IOC is selected, such as the lltb subbarxL and the ISU again 
listens for the correct identification message. If the message again is not correctly 
detected, then the ISU restarts on another 6 MHz band. The ISU listens for the 
correct identification message in a subband for a period of time equal to ax least two 
times the CXMU transmission time, for example 100 msec when transmission time 
is SO msec as described above. The identification command is a unique command in 
the ISU 100, as the ISU 100 will not require a PIN address code match to respond to 
such conunazKls, but only a valid unique identifier and CRC match. If an un- 
initialized and un-activated ISU 100 receives an identificatioD command from the 
CXMC 80 via the MCC modem 82 on an IOC cbanaeU data which outches the 
unique identifier and a valid CRC, the CXSU 102 of the ISU 100 will store the PIN 
address code transmitted with the command and unique identifier. From this point 
on, the ISU 100 will only respond to commands which address it by its correct PIN 
address code, or a broadcast address code; unless, of course, the ISU is re^activated 
again and given a new PIN address code. 

After the ISU 1 00 has received a match to its unique identifier, the ISU will 
receive iq)str«am fieqtiency band command with a valid PIN address code that 
tells the ISU 100 which 6 MHz band to use for upstream transmission and the 
carrier or tone designations for the upstream IOC channel to be used by the ISU 100. 
The CXSU controller 102 interprets the commaiKl and correctly acdvates the ISU 
modem 101 of the ISU 100 for the correct upstream frequency band to respond in. 
Once the ISU nsodem 101 has acquired the correct 6 MHz band, the CXSU 
controller 102 seods a message command to the ISU modem 101 to enable i^)stream 
transmission. Distributed loops utilizing the carrier, amplitude, and timing recovery 
block 222 of MCC modem t^stream receiver architecture of the HDT 12 is used 
to lock the variotis ISU parameters for upstream transmission, iKluding amplitude, 
carrier frequency, symbol alignment, and path delay. 

The HDT is then given information on the new ISU axKi provides downstream 
commands for the various parameters to the subscriber ISU tmit The ISU begins 
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transmission in.thc upstrcim and the HDT 1 2 locks to the ufwircam signal. The 
HDT 12 derives an error indicator with regard to the parameter being adjusted and 
commands the subscriber ISU to adjust such parameter. The adjustment of error is 
repeated in the process until the parameter for ISU transmission is locked to the 
HDT 12. 

More specifically, after the ISU 100 has acquired the 6 MHz band for 
operation, the CXSU 102 sends a message command to the ISU modem 101 and the 
ISU modem 101 transmits a synchronization pattern on a synchronization channel in 
the primary synchronization band of the spectral allocation as shown in Figures 1 3- 
1 8. The upstream synchronization channels which are oBsei from the payload data 
channels as allocated in Figures 1 3*1 8 include both a primary and a redundant 
synchronization channel such that upstream synchronizanon can still be 
accomplished if one of the synchronization channeb is corrupted. The HDT 
monitors one channel for every ISU. 

The MCC modem 82 detects a valid signal and performs an amplitude level 
measurement on a received signal from the ISU. The synchronization pattern 
indicates to die CXMC 80 that the ISU 1 00 has received the activation and 
initialization and frequency band commands and is ready to proceed witfi upstream 
synchronization. The anq>litude level is con^>ared to a desired reference level. The 
CXMC 80 determines whether or not the transmit level of the ISU 100 should be 
adjusted and the amount of such adjustment If level adjustment is required, the 
CXMC 80 transmits a message on the downstream IOC channel instructing the 
CXSU 102 of the ISU 100 to adjust the power level of the transmitter of the ISU 
modem 101. The CXMC 80 continues to check the receive power level from the 
ISU 100 and provides adjustment commands to the ISU 100 until the level 
transmined by the ISU 100 is acceptable. The amplitude is adjusted at the ISU as 
previously discussed If amplitude equilibrium is iK>t reached within a certain 
number of iterations of amplitude adjustment or if a signal presence is never 
detected utilizing the primary synchronization channel then tiie same process is used 
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on the reduodnt synchronizauon channel. If impiitude equilibrium is not reached 
within a ceruin number of iterations of amplitude adjustment or if a signal presence 
is never detected utilizing the primary or redundant synchronization channels then 
the ISU is reseL 

Onoe transmission level adjustment of the ISU 100 is ooo^leted and has been 
stabilized, the CXMC 80 and MCC modem 82 perform carrier frequency locking. 
The MCC modem 82 detects the carrier frequency as transmitted by the ISU 100 
and performs a correlation on the received transmission from tfie ISU to calculate a 
carrier frequency error correction necessary to orthogonally align the multicarriers 
of all the upstream transmissions from the ISUs. The MCC modem 82 returns a 
message to the CXMC 80 indicating the amount of carrier frequency error 
adjustment reqtiired to perform frequency alignment for the ISU. The CXMC 80 
transmits a message on a downstream IOC channel via the MCC modem 82 
instructing the CXSU 102 to adjust the transmit frequency of the ISU modem 101 
and the process is repeated until the frequency has been e st ab l is he d to wi Ain a 
certain tolerance for the OFDM channel spacing. Such adjustment would be made 
via at least the synthesizer block 195 (Figures 24 and 25). If frequency locking and 
adjustment is accomplished on the ISU as previously described, then this frequency 
adjustment method is not utiliTed. 

To establish oithogonality, the CXMC 80 and MCC modem 82 perform 
symbol •HgnmgntL The MCC OKxlem 82 detects the synchronization channel 
modulated at a 8 kHz frame rate transmitted by tfie ISU modem 101 and performs a 
hardware correlatim on the receive signal to calculate the delay correction necessary 
to symbol align the upstream ISU transmission from all the distiiKt ISUs 100. The 
MCC modem 82 returns a message to the CXMC 80 indicating the amount of delay 
adjustment required to symbol align the ISU 100 such diat all the symbols are 
received at the HDT 12 simultaneously. The CXMC 80 transmits a message in a 
downstream IOC channel by the MCC modem 82 instructing the CXSU controller 
102 to adjust the delay of the ISU modem 101 transmission and the process repeats 
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until ISU symbol ilignment is achieved. Such symbol ilignment would be adjusted 
via at least the clock delay 196 (Figures 24 and 25). Numerous iterations may be 
necessary to reach symbol alignment equilibrium and if it is not reached within a 
predetermined number of iterations, then the ISU may again be reset. 

Simultaneously with symbol alignment, the CXMC 80 transmits a message to 
the MCC modem 82 to perform path delay adjustment The CXMC 80 sends a 
message on a downstream IOC channel via the MCC modem 82 instructing the 
CXSU controller 102 to enable the ISU modem 101 to transmit a another signal on a 
synchronization channel which indicates the multifirame (2 kHz) alignment of the 
ISU 100. The MCC modem 82 detects this multiframe alignment pattern and 
performs a hardware correlation on the pattern. From this correlation, the modem 
82 calculates the additional symbol periods required to meet the round trip path 
delay of the communication system. The MCC modem 82 then returns a message to 
the CXMC 80 Tn^*<^«H«g the additional amount of delay which must be added to 
meet the overall path delay requirements and the CXMC then transmits a message 
on a downstream IOC channel via the MCC modem 82 instructing the CXSU 
controller 102 to relay a message to the ISU modem 101 conttuning the path delay 
adjustment value. Numerous iterations may be necessary to reach path delay 
equilibrium and if it is not reached within a predetermined number of iterations, 
then the ISU may again be reset Such adjustment is made in the ISU transmitter as 
can be seen in the di^lay delay buffer "n" san4)les 192 of the tq>stream transmitter 
architectures of Figures 24 and 25. Path delay and symbol alignment may be 
p erformed at the same time, separately or together using the same or different 
signals sent on the synchronization channel. 

Until the ISU is initialized and activated, the ISU 100 has no capability of 
transmitting telephony data information on any of the 480 tones or carriers. After 
such initialization and activation has been completed, the ISUs are within tolerance 
required for transmission within the OFDM waveform and the ISU is informed that 
transmission is possible and upstream synchronization is complete. 
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After an ISU 100 is initialized and activated for the system, follow-up 
synchronization or tricking may be performed periodically to keep the ISUs 
calibmted within the required tolerance of the OFDM transport requirements. The 
follow-up process is implemcnied to account for drift of component values with 
temperanire. If an ISU 100 is inactive for extreme periods of time, the ISU can be 
tuned to the syiKhronization channels and reqttested to update upstream 
synchronization parameters in accordance with the upstream synchronization 
process described above. Alternatively, if an ISU has been used recently, the 
follow.up synchronization or tracking can proceed over an IOC channel. Under this 
scenario, as generally shown in Figure 28, the ISU 100 is requested to provide a 
signal over an IOC channel by the HDT 12. The HDT 12 then acquires and verifies 
that the signal is within the tolerance required for a channel within the OFDM 
waveform. Ifnot, then the ISU is requested to adjust such errored parameters. In 
addition, during long periods of use, ISUs can also be requested by the HDT 12 to 
send a signal on an IOC channel or a synchronization channel for the purpose of 
updating the upstream synchronization parameters. 

In the downstream direction, the IOC channels transport control information 
to the ISUs 100. TTje modulation format is preferably differentially encoded BPSK, 
although the differential aspect of the downstream modulation is not required. In 
the upstream direction, the IOC channels transport control information to the HDT 
12. The IOC channels axe differentially BPSK modulated to mitigate the transient 
time B5 VKi i Ttfr 1 widi the equalizer when sending data in the upstream direcQon. 
Control data is slotted on a byte boundary (500 MS frame). Data from any ISU can 
be transmitted on an IOC channel asynchronously; therefore, there is the potential 
for collisions to occur. 

As there is potential for collisions, detection of collisions on the upstream 
IOC channels is accomplished at a data protocol level. The protocol for handling 
such collisions may, for example, include exponential backoff by the ISUs. As 
such, when the HDT 12 detects an error in transmission, a retransmission command 
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is broadcast to ail the ISUs such that the ISUs retransmit the upstream signal on the 
IOC channel after waiting a particular time; the wait time period being based on an 
exponential function. 

One skilled in the art will recognize thai upstream synchronization can be 
implemented allowing for multi-point to point transmission using only the symbol 
timing loop for adjustment of symbol timing by the ISUs as commanded by the 
HDT. The frequency loop for upstream synchronization can be eliminated with use 
of high quality local free running oscillators in tbe ISUs that are not locked to the 
HDT. In addition, tbe local oscillators at the ISUs could be locked to an outside 
reference. Tbe amplimde loop is not essential to achieve symbol alignment at the 
HDT. 

In the ^ocess described above with respect to initialization and activation, 
including upstream synchronization, if for some reason communication is lost 
between a large number of ISUs 1 00 and the HDT 1 2, after a period of time these 
ISUs 100 will require initialization and acdvation once again. Such a case may arise 
when a fiber is cut and users of multiple ISUs 100 are left without service. As 
initialization and activation is described above, only one ISU 100 would be 
initialized and acdvated at one time. The time frame for initialization and activation 
of multiple ISUs 100 in this manner is shown in Figure 19. 

In Figure 19, each ISU 100 is initialized, as previously described, by 
identification of ^ ISU and acquisition by tbe ISU of the 6 MHz band for 
downstream transmission during a *^*""*»g period T|ca»i* ^ ^ penod 
P ff4H fcH* the ISU to scan all of the downstream bands listening for a matching 
identification message. In one embodiment, T^can ^ to 6.16 seconds. Of 
course this time period is going to be dependant on the number of bands srannfri , 
the time period necessary for synchronizing on tbe downstream synchronization 
channels, and tbe time required to acquire an IOC channel within the band. 

Further as shown in Figure 1 9, after each ISU has acquired a downstream and 
upstream 6 MHz band, upstream synchronization is then performed during a time 
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period TfouAi- TwML «»ay be defined as the period in which in ISU should have 
received til messages from the CXMC 80 finishing the upstream synchronization 
process as described above, with a reasonable amount of iterations to accomplish 
such synchronization. At the very least, this time period is the time period necessary 
to accomplish symbol timing such that symbols received from various ISUs 100 at 
the HDT 12 are orthogonal. This time period would be increased if amplitude, 
frequency and path delay synchronization is also performed as described above. 
Therefore, the time period necessary to serially initialise and activate twelve iSUs, 
TsDUAL. « sbown in Figure 19 would be equal to 12T»oi * 12Tk^. 

With a burst identification process as shall be described with respect to Figure 
20, the time period for initializing and activating twelve ISUs 100 can be 
substantially reduced. This results in more ISUs 100 being activated more quickly 
and more users once again serviced in a shorter period of time. In the process of 
burst identification as shown by the timing diagram of Figure 20« the identification 
and acquisition of multiple ISUs 100 is performed in parallel instead of being 
performed serially as described above. 

Hie periodicity of the identification messages sent by the CXMC 80 during 
initialization and acquisition, when performed during normal operating conditions 
when ISUs 100 are serially initialized, is designed to present a light load of traffic 
on the IOC channel but yet to allow a reasonable identification duration. This 
periodicity duration is, for example, SO milliseconds. For the system to be able to 
handle both situations, serial identification and burst identification, this periodicity 
is kept tfte same* However, in burst identification, the ICX: channel traffic load is 
not important because the service of ail the ISUs 100 receiving communication via 
one oftbeCXMCs 80 utilizing the IOC channels has been terminated such as by the 
cut fiber. Therefore, during burst identification IOC channels can be loaded 
more heavily and identification messages for multiple ISUs 100 utilizing such IOC 
channels are transmitted on the IOC channels at the same periodicity as during serial 
identification, but ibit phase for the identification messages is different for each ISU. 



110 

Due to ihe period, and utilization of the IOC channels for the identification 
messages during burst identification, there is a limit on the number of identification 
messages which may be tnnsmined during one Tscan period. If the periodicity is SO 
milliseconds and the use of the IOC channel for a single identification message is 4 
milliseconds, only twelve ISUs 100 may be identified during one Tscam period 
during bur^t identification. As described below with further reference to Figure 20, 
if the number of ISUs 100 desired to be burst identified is greater than twelve, then 
multiple groups of burst identifications are serially performed. 

One skilled in the art will recognize that the specified numbers for time 
periods are for illustration only and that the present invention is not limited to such 
specified time periods. For example, the periodicity may be 100 milliseconds and 
the number of ISUs identified during burst identification may be 24. Many different 
time periods may be specified with corresponding changes made to the other times 
periods specified. Further, burst identification may be accomplished having a 
periodicity different than that for serial identification. 

As shown by the timing diagram of Figure 19, a single burst initialization and 
activation of twelve inactive ISUs 100 can be accomplished in the time period 
T,u«T which is equal to TtCAH + 12Tbqoal- Tto isan 11Tk:ah difference from the 
process carried out serially. During the Tscah poiod, identification messages for aU 
twelve ISUs 100 being initialized are transmitted on the IOC channels for a CXMC 
80. The twelve identification messages arc each sent once during each 50 
millisecond period. The phase of each message is however different For example, 
identification message for ISUO may be sent at time 0 and then again at SO 
niniiv>^^«, whereas die identification message for ISUl may be sent at time 4 
milliseconds and then again at S4 milliseconds and so forth. 

After the ISUs 100 being initialized have been identified and acquisition of 
the downstream 6 MHz band has occurred during Tscan* then upstream 
synchronization is performed in a serial manner with respea to each ISU identified 
during Tjcah- The upstream synchronization for the ISUs is performed during the 
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time period equil to I2TeqoAL The CXMC 80 would start the upstream 
synchronizatioo process in the same maimer as described above for each ISU 
identified in a serial manner. The CXMC 80 sends to the ISU the upstream 
transmission band in which the ISU being synchronized is to transmit within and 
enables the upstream synchronization process to begin. The upstream 
synchronization process for an ISU has been described in detail above. If an 
upstream transmission band is not received and upstream synchronization is not 
enabled for an ISU during the ITT^^ time period, then the ISU is reset at the end 
of Ae 12Tk^ period by a period of time equal to T^am * 12T,qoal to possibly 
perform upstream synchronization in the next IITbqual period. Once a burst 
identification period, T,out» ^ completed, the process may be started over again in 
a second Tbuut P^<x^ &s shown in Figure 20 if additional ISUs 100 are to be 
initialized and activated. 

Figures 47 and 48 describe a control loop distributed through the system for 
acquiring and tracking an ISU, according to another embodiment of the invention. 
I^p 3900 shows steps executed by the ISU 66 or 68 at the left, and those exec^ 
by HDT 12 at the right Messages between these two units are shown as horizontal 
dashed lines; the IOC chanoek carry these messages. 

Steps 3910 prepare the ISU to communicate with the HDT. Step 391 1 reads a 
prestored internal table 3912 indi^*^»g frequencies of the valid RF downstream 
bands, along with other information. Next, step 3913 tunes the ISU's narrow-band 
receive modem to the center ofthe first 6MHz band in table 3912. Step 3913a then 
fine4unes it to one of the two sync channeb in Aat band; assume that this ^'primary" 
rhantw^i is the one at tiie lower end ofthe downstream part of the band shown in 
Figure 13. Step 3914 acquires the ampUtude and frequency of this sync tone. 
Briefly, equalizer 172, Figure 22 or 23, is adjusted to bring the om pm of the FFT to 
about 12dB below its upper limit Recovery blodcl 66 measures the time for ten 
frames ofthe sync tone, and compares it to the 12Smsec correct time interval; the 
frequency of synthesizer 157 is then adjusted accordingly. Rough timing is 
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satisfactoiy at this point, because the control messages used below are simple low- 
frequency binarykeyed signals. If sync cannot be acquired, exit 391S causes block 
3913a to renine to a secondary sync tone of the same 6MHz band, the upper 
downstream tone of Figure 13. If the iSU also fails to synchronize to the secondary 
tone, exit 3916 causes block 3913 to nine to the center of the next 6MHz band in 
table 3912 and attexnpt synchronization again. If all bands have been tried, block 
39 1 3 continues to cycle through the bands again. 

When step 3914 has acquired a lock, steps 3920 listen for messages from the 
HDT. Step 3921 reads an internal predetermined manu&cnirer's serial number 
which uniquely identifies that ISU. and compresses it into a shorter, more 
convenient format Step 3922 fme*nmes the ISU modem to a designated primary 
subband, such as subband 0 in Figure 16. 

Concurrently, steps 3930 begin a search for the new ISU. Step 393 1 receives 
an operator **ranging** conunand to connect an ISU having a particular serial 
number. Step 3932 then continuously broadcasts a ""PIN message" 3933 on all IOC 
channels; this message contains the compressed form of the ISU serial number axui a 
shorter personal identification number (PIN) by which that ISU will be known. Step 
'3923 in the ISU continuously receives ail PIN messages, and attempts to match the 
transmitted compressed serial number with the number from table 3922a. If it fiuls 
to do so after a period of time, exit 3924 caused step 3922 to renine to another 
designated subband, such as subband 23 in Figure 13, and try again. Ifno 
appropriate PIN message is received on the secondary subband, exit 392S renims to 
step 3913 to switch to another 6MHz band. When step 3923 receives the correct 
PIN message, step 3926 latches the PIN into the ISU to serve henceforth as its 
address within the system. In some implementations, the full serial number or other 
unique identifier of die physical ISU could serve directly as an address. However, 
this number ocoqries many bytes; it would be wasteful to transmit it every time a 
message is wddrmed to the ISU, or even to use it for ranging. Its compressed form, 
two bytes long, serves as a hash code which is practical to transmit in the continuous 
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messages 3933. The PIN is only one byte long, since addresses need be unique only 
within each 6MHz band, and are practical to use for identifying the ISU whenever 
the HDT needs to communicate with it Message 3927 informs the HDT that the 
ISU will respond to its PIN. 

Steps 3940 set up the upstream communications from the ISU to the HDT. 
After 3941 receives PIN confirmation 3927, step 3942 sends a designation of the 
upstream frequency band to the ISU as an IOC message 3943. This frequency may 
have been specified by the operator in step 3931, or may have been generated by the 
HDT itself. Step 3944 ftmes the ISU modem to this 6Mhz band, and returns a 
confirmation 394S. Step 3946 then fine-tunes to the primary upstream sync channel 
of that band, such as the lower one in Figure 13. Step 3947 enables an HDT 
receiver on the drrignatrd band. 

Steps 39S0 adjust the transmitted power of the ISU in the upstream direction; 
in a muitipoint-tD-point*system, the power levels of all ISUs must track each other 
in order to ensure orthogonality of the entire signal received by the modem of 
Figure 26. Step 39S1 transmits a ranging tone at an initial power level from the ISU 
on this sync rimnniii^ which is sometimes called a ranging channel. At the HDT, 
step 3952 measures die received power level and block 3953 sends an IOC message 
3954, causing step 3955 at the ISU to adjust the power of its transmitter 200, 
Figure 24, if necessary. If this cannot be done, message 3956 causes step 3946 to 
retune to a secondary ranging channel, such as the higher upstream sync tone of 
Figure 13, and causes the step 3947 to enable the secondary channel at the HDT. If 
this loop also &ils, exit 3957 reports a hard failure to the system logic. 

Blocks 3960 align the symbol or frame timing between the ISU and the HDT. 
Step 396 1 measures die phase of the ISU*s ranging tone with respect to the sync 
tone that the HDT is sending to all ISUs at all times. Figure 1 1 shows this signal, 
labeled "^kHz frame elk** in Figure 24. Step 3962 sends messages 3963 as 
necessary to cause the ISU modem to adjust the timing of its ranging tone, in step 
3964. When this has completed, block 3965 detects whether or not groups of four 
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frames art aligned correctly as between HDT and ISU; this grouping delineates 
boundaries of IOC messages, which art four frames long. Tbc sync tones 
continually repeat a differential BPSK pattern of 1010 0101 0101 0101 over a 
period of 16 frames; that is, each bit occupies 125 microseconds, the duration of one 

S frame. Thus, the space between the fourth and fifth bit, and between the sixteenth 

and first, can mark the multiframe boundaries. If alignment is incorrect, step 3966 
sends message 3967, causing the ISU to bump the phase of its **2 kHz superframe 
elk**. Figure 24. If step 3961 or step 396S cannot reach the correct phase after a 
certain number of steps, fail exits 3969 report a hard fiulure. 

1 0 Steps 3980 complete the induction of the new ISU into the system* Step 398 1 

nims off the ranging tone at the ISU, tells the HDT at 3982 that it is locked in, and 
returns to the subband at which it was operating in step 3944. Step 3983 requests 
preliminary configuration or capability data from the ISU, in message 3984, 
whereupon step 398S reads an internal table 3986 containing parameters indicating 

IS capabilities such as whether the ISU can nme only odd or even channel numbers, 

and other physical limitations of ^ particular modem. When message 3987 has 
communicated these parameters, step 3988 selects a particular subband of 10 or 130 
payload channels (for an HISU or an MISU respectively). Message 3989 causes 
step 3990 to nme the ISU to the proper subband. Meanwhile, the HDT is acquiring 

20 an IOC dau-link (IDL) channel, as described bereinbelow, at step 3991 . Step 3992 

then sends message 3993 to the ISU, which reads the rest of the modem 
configuration and specifications from table 3986 at step 3994, and transmits them 
over the IDL channel at 3995. The HDT stores peronent information concerning that 
ISU for fimoe reference. The purpose ofsending ISU datato the HDT is to 

25 nrcommftdatf various ISU models having greatly differing capabilities, and to allow 

continued use of legacy ISU equipment when the HDT has been upgraded to include 
additional capabilities. 

During and after the process of Figures 47 and 48, the ISU receiving modem. 
Figure 22 or 23, must track the acquired frequency and symbol timing of the HDT 
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nnsmimng modem of Figure 2 L The pricticalitics of i multicamcr (MC) system 
impose requirements which are not obvious from experieace with TDMA (time 
division multiple-access) and other conventional forms of bidirectional multipoint 
networks and systems, nor in pointHo-multipoint Tbroadcast**) multicaiher 
networks. In TDMA and similar systems, slight errors in frequency and timing, and 
larger errors in amplinide, can be compensated by tracking the received signal. In a 
broadcast MC system, all carriers are synchronised at tiie bead end, and can again be 
tracked at the receiver. In a bidirectional multipoint«lD-potnt multicarrier system, 
however, the HDT receiver must see all channels as though they had been generated 
by a single source, because the HDT decodes all chanaels in an entire 6MHz band as 
a single entity, with a single FFT. Even slight errors anciong the individuallSUs in 
their 10<hannel and 130-channel subbands causes severe distortion and intersymbol 
interference when the HDT FFT inveru the channels back into symbol strings for 
multiple DSO channeb. The errors to be controlled are frequency, symbol timin g , 
and signal amplimde. An^litude (power level) in pellicular has been found to be 
much more stringent than in previous systems. 

At all times after the ISU receiving modem Figure 22 or 23 has acquired the 
signal ofHDT transmitting modem Figure 21t it must track gradual changes in 
frequency, phase, and symbol timing caused by drift and other changes in the plant 
Figure 49 shows a method 4000 for tracking these changes. Steps 4010. executed 
by unit 153. Figure 22 or 155. Figure 23. track the downstream power level to 
compensate for slow gain changes in die plant Step 4011 measures an average 
signal level by known methods from the output of FFT 170 or 180. If it is correct, 
exit 4012 takes no action. If the error is wrong but within a predetermined threshold 
of the correct value, block 4013 adjusts a coefficient of equalizer 172 to return the 
signal level to its nominal value. If the signal level changes more than a certain 
amount, or if it changes rapidly enough, the signal has probably been lost entirely. 
In diat case, exit 4014 exits tracking mode; it may reenter the ranging procedure of 
Figures 47 and 48, or it may merely signal an error to the HDT. 
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Steps 4020 trick cirricr frequency in unit 166, Figure 22 or 23. An HISU 
modem of Figure 23 receives a subband hiving ten payloid chmnels ud one IOC at 
the center, as shown in Figure 16. When this narrowband modem is tuned to the 
subband, the sync tones are no longer within itt frequency range. Tberefore, step 
4021 measures the phase of Ae IOC channel within the currently tuned subband, 
rather than the sync tone used in Figures 47 and 48. Step 4022 smooths any phase 
error between the received carrier and the locally generated signal from generator 
168, Figure 22, to prevent jitter. The frame clocks of both the receiving modem 
Figure 23 and the upstream transmitter Figure 24 use this clock; thit is, the clocks 
are locked together within the HISU modem. Step 4023 updates the frequency of a 
local oscillator in RF synthesizer 1 S7. It should be noted here that the location of 
the IOC in the middle of the subband eliminates any offset phase error which 
otherwise must be compensated for. Steps 4020 may be the same for an MISU 
modem. Figure 22; this modem has a 130-channel bandwidth, as shown in 
Figise 16. The wider bandwidth of this modem includes multiple IOC tones for 
tracking. Tlie modem may use one of tfiem -preferably neir the middle-- or piirs of 
toites ofibet from the center of the subband. 

Step 4030 tracks symbol timing. Step 403 1 samples the frequency error 
between the recdvedsymbob and the local 8kHz symbol sampling clock. Ifthe 
sampling frtquendes dififer by more than abom 2ppm between the HDT and the 
ISU, the synthesized tones progressively depart from their bins at the receiving FFT 
until tf» equalizer cm no longer tr^kthent Step 4032 receives the sign of the 
cam pling cnor from step 4031, and applies a small O.Sppm correction to the frame 
frequency. 

Process 4000 takes places in real time, in parallel with other processes. 

After the upstream transmitting modem 101 portion shown in Figure 24 has 
tuned to a subband in Figures 47 and 48, it and the upstream receiving modem 82 
portion of Figure 26 must continue to track in amplitude, frequency, and timing. 
The use of multicanier (MC) technology imposes some requirements which are not 
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obvious from experieoce with TDMA (time-division multiple access) or other 
bidiiectiooAl multipoint technologies, nor from point*to-multxpoint (broadctst) MC 
networks and systems. In TDMA and similar systems* slight errors in frequency 
and timing, and larger errors in signal amplitude, can be compensated by tracking 
the signal at the receiver. In broadcast MC systems, ail carriers are inherently 
synchronized at the bead end, and can be tracked adequately at each receiver 
separately. In a bidirectional multipoint*to-point multicarrier plant, however, the 
head-end receiver sees all channels as though they had been geoented by a single 
source, because the HDT decodes all channels in an entire 6MHz band as a single 
orthogonal waveform, with a single FFT converter. Even slight errors among the 
various ISUs in their 10-channel and 130<hannel subbands can cause severe 
distortion and intersymbol interference when the FFT in modem 82 ponion of 
Figure 26 converts the channels back into bit strings for multiple DSO channels. 
The parameters to be controlled are frequency, symbol timing, and signal amplitude 
or power level Frequency and timing can be tracked in a oumner siniilar to steps 
4020 and 4030 of Figures 47 and 48. Amplitude, however, has been found to be 
more critical dian in previous systems. 

Figure SO depicts a method 4100 for tracking changes in the upstream 
channel signal amplitude. After Figures 47 and 48 have brought the ISU 
transmitting modem of Figure 24 on line, its amplitude must be balanced with that 
of all other ISUs in the systent Again, if different upstream subbands were received 
by differeot hardware, or in a TDMA fashion, where amplitude tracking could be 
paiticularized in frequency and/or time, a conventional AGC circuit could track 
amplitude variations adequately. In the embodiment described, power variations 
greater than about 025dB from one subband to another cause a significant amount 
of distortion and intersymbol interference. In a physical system oU say, a 20km 
radius, variations in the upstream signal level at the head end may vary by 20dB or 
more for different ISU locations, and may additionally vary significantly over time 
because of temperature differences, channel loading, component aging, and many 
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other ftctors. p>nventioail methods cannot achieve both the wide dynamic range 
and the high resolution required for an MC bidirectional muitipoint*to-point system. 

The steps in the left column of Figure SO are performed within each ISU; the 
HDT performs the steps on the right. Step4110selectsanumber of payload 
channels for monitoring from table 4111. The channels must include one channel 
from each separate ISU. but need not include more than one. An MISU thus needs 
time in only one of iu 130 payload channels, a very low overhead. A 10-channcl 
HISU subband, however, may require time in more than one of its 10 payload 
channels, because multiple HISUs can share the same subband. Of course, a 
powered-down ISU, or one having no upstream payload channels provisioned to it, 
need not participate in blocks 1740, because it does not transmit upstream at all. Qi 
is alternatively possible to employ IOC channels instead of payload channels for this 
purpose. Although requiring less overhead, such use is generally much more 
complex to inq)lement) 

After ranging procedure 3900 has acquired a correct initial power level step 
4120 performs a scan every 30msec. for all the selected payload channels, as 
indicated by arrow 4121. Each ISU responds at 41 30 by sending a message 41 31 on 
its selected upstream channel ^Mtien the scan reaches that channel. In step, the HDT 
measures the received power level from each ISU separately. If the signal 
amplitude is within a certain range of its previous value, then steps 41S0 compensate 
for the variation at die HDT. Step 41S1 smooths the errors over several scans, to 
prevent suddenjumps from a single glitch. Step 41S2 then adjusts the coefficients 
of equalizer 214 in the upstream receiving portion. Figure 26, of modem 82, 
Figure 3, to compensate for the variation. This sequence compensates for small, 
slow variations at a high resolution; the equalizer steps are small and very linear. 

Step 4 1 40 may detect that the HDT equalizer is fiv from nominal near the 
end of its range - say, 4dB up or down from nominal for an equalizer having a 
±SdB range of O^SdB steps. This condition might occur for a large number of 
accumulated small errors, or it could be caused by a sudden, nuyor change in the 
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system, such e « break in an optical fiber followed by an automatic switch to 
another fibv having a different length. Steps 4 1 60 compensate for this condition at 
the transmitting (ISU) end« rather than at the receiving (HDT) end. The HDT then 
stops the channel scan at step 4161, and step 4162 sends an amplitude-error message 
4 1 63 over an IOC channel addressed to the ofifending ISU. The message specifies 
the amount and direction of the compensation to be applied. The ISU applies this 
correction at step 41 70 to vary the power output of its transmitter 200« Figure 24. 
Conventional transmitter power controls, such as a PIN attenuator diode 201 in 
power amplifier 200, are typically relatively coarse and nonlinear, but they do 
possess a wide range of adjustment DAC 203 receives IOC messages to control 
attenuator 201 . To allow the head-end equalizer to track the changing power more 
easily, step 4162 applies the correction over a long period of time, for example, 4- 
Ssec/dB; but, if the monitored channel is the only channel connected to that ISU, the 
entire correction can be made in a single large step. Instead of controlling 
adjustment speed at the ISU, the bead end may send individual timed IOC messages 
for multiple partial corrections; the downside is increased message traffic on tfie 
IOC channels. 

ISUs Quy come online and be powered down at odd times. To prevem a 
feckless attempt at correction when an ISU is powered down, or its signal has been 
lost for some other reason, step 4140 further detects a condition of substantially zero 
power received &om the ISU. In that event, step 4180 sets the head-end equalizer to 
its defiuilt value and keeps it there. 

Thus, power-leveling blocks 1740 take advantage of the characteristics of the 
system to adjust both ends in a way which achieves both high resolution and wide 
dynamic range. The digital control available in the head-end equalizer provides 
precision and linearity in tracking slow changes, and the analog control at the ISU 
provides a wide range, and still allows the head end to track out inaccuracies caused 
by its coarse axid nonlinear nature. 

Call processing in the communication system 10 entails the manner in which 
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a subscriber is Allocated channels of the system for telephony transport from the 
HDT 12 to the ISUs 100. The present communication system in accordance with 
the present invention is capable of supporting both call processing techniques not 
involving concentration, for example, TR-8 services, and those involving 
concentration, such as TR-303 services. Concentration occurs when there are more 
ISU terminations requiring service than there are channels to service such ISUs. For 
example, there may be 1,000 customer line terminations for the system, with only 
240 payload channels which can be allocated to provide service to such customers. 

Where no concentration is required, such as for TR*S operation, channels 
within the 6 MHz spectrum are statically allocated. Therefore, only reallocation of 
channels shall be discussed further below with regard to channel monitoring. 

On the other hand, for dynamically allocated channels to provide 
concentration, such as for providing TR-303 services, tibe HDT 12 supports on- 
demand allocation of channels for transport of telephony data over the HFC 
distribution network 1 1 . Such dynamic allocation of channels is accomplished 
utilizing the IOC channels for communication between the HDT 12 and the ISUs 
100. Channels are dynamically allocated for calls being received by a customer at 
an ISU 100, or for calls originated by a customer at an ISU 100. TheCXMUS6of 
HDT 12, as previously discussed, implements IOC channels which carry the call 
processing information between the HDT 12 and the ISUs 100. In particular, the 
following call processing messages exist on the IOC channels. They include at least 
a line seizure or ofif-hook message from the ISU to the HDT; line idle or on-hook 
message from the ISU to the HDT; enable and disable line idle detection messages 
between ^ HDT and the ISUs. 

Call processing in the communication system 10 entails the maimer in which 
a subscriber is allocated channels of the system for telephony transport from the 
HDT 12 to the ISUs 100. The present communication system in accordance with 
the present invention is capable of supporting both call processing techniques not 
involving concentration, for example, TR-8 services, and tfK>se involving 
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coDcentndoiu.such ts TR-303 services. G)nccntnuon occun wben there are more 
ISU terminitions requiriag ser/ice than there ire channels For 
example, there may be UOOO customer line terminations for the system, with only 
240 payload channels which can be allocated to provide service to such customers. 

Where no concentration is required, such as for TR*8 operation, channels 
within the 6 MHz spectrum are statically allocated. Therefore, only reallocation of 
chanrtels shall be diirmyrrt further below with regard to channel monitoring. 

On the other hand, for dynamically allocated channels to provide 
concentration, such as for providing TR-303 services, the HDT 12 supporu on- 
demand allocation of channels for transport of telephony datt over the HFC 
distribution network 1 1 . Such dynamic allocation of channels is accomplished 
utilizing the IOC channels for communication between the HDT 12 and the ISUs 
100. Channels are dynamically allocated for calls being received by a customer at 
anISU 100, or for calls originated by a customer at an ISU 100. TheCXMUS6of 
HDT 12, as previously discussed, implements IOC channels ^ch carry the call 
processing information between Ae HDT 12 and the ISUs 100. In particular, the 
following call processing messages exist on the IOC channels. They include at least 
a line seizure or off-hook message from the ISU to the HDT; line idle or on-hook 
message from the ISU to the HDT; enable and disable line idle detection messages 
between tiie HDT and the ISUs. 

For a call to a subscriber on the HFC distribution network 1 1, the CTSU S4 
sends a message to die CXKfU S6 associated with the subscriber line termination 
and instructs the CXMU S6 to allocate a channel for transport of the call over 
HFC distribution network 11. The CXMU S6 then inserts a command on the IOC 
channel to be received by die ISU 100 to which the call is intended; the command 
providing the proper information to the CXSU 1 02 to alert the ISU 1 00 as to the 
allocated channel. 

When a call is originated by a subscriber at the ISU side, each ISU 1 00 is 
responsible for monitoring the channel units for line seizure. When line seizure is 
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detected, the ISU 100 must communicate this change along with the PIN address 
code for the originating line to the CXMU S6 of the HDT 12 using the upstream 
IOC operatibn channel. Ooce the CXMU S6 conectly receives the line seizure 
message, the CXMU S6 forwards this indication to the CTSU 54 which, in mm, 
provides the necessary infonnation to the switching network to set up the call. The 
CTSU 54 checks the availability of channels aixi allocates a channel for the call 
originated at the ISU 100. Once a channel is identified for completing the call from 
the ISU 100, the CXMU 56 allocates the channel over the downstream IOC channel 
to the ISU 100 requesting line seizure. When a subscriber reoims on hook, an 
appropriate line idle message is sent upstream to the HDT 12 which provides such 
infortnatioo to the CTSU 54 such that the channel can then be allocated again to 
support TR-303 services. 

Idle chaimel detection can further be accomplished in the modem utilizing 
another technique. After a subscriber at the ISU 100 has terminated use of a data 
payload the MCC modem 82 can make a determination that the previously 

allocated channel is idle. Idle detection may be performed by utilizing the 
equalization process by equalizer 214 (Figure 26) which examines the results of the 
FFT which outputs a coo^^lexGi&dQ component) symbol value. Anerroris 
calculated, as previously described herein with respect to equalization, which is used 
to updast die equalizer coefficients. Typically, when the equalizer has acquired the 
signal and valid data is being detected, the error will be small. In the event that the 
signal is terminated, the error signal will increase, and diis can be monitored by 
signal to noise monitor 305 to determine the termination of the payload data c hanne l 
used or chaimel idle status. This information can then be utilized for allocating idle 
channels when such operation of the system supports concentration. 

The equalization process can also be utilized to determine whether an 
unallocated or allocated chaimel is being corrupted by ingress as shall be explained 
in further detail below widi respect to channel monitoring. 

The telephony transport system may provide for channel protection fiom 
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ingrtss ID sevettl manoen. Nim>wband ingress is a nanowhand sigziAl that is 
coupled into the transmission from an external source. The ingress signal which is 
located within the OFDM waveform can potentially take the entire band o£Qine. An 
ingress signal is (most likely) not orthogonal to the OFDM cairien, and under worst 
case coiKlitions can inject interference into every OFDM carrier signal at a sufficient 
level to corrxtpt almost every DSCK to an extent that performance is degraded below 
a minimtifn bit error rate. 

One method provides a digitally tunable notch filter which includes an 
interference sensing algorithm for identifying the ingress locttion on the frequency 
band. Once located, the filtering is updated to provide an arbitrary filter response to 
notch the ingress from the OFDM waveform. The filter would not be part of the 
basic modem operation but requires the identification of channels that are degraded 
in order to "tune** them out Tbe amount of channels lost as a result of the filtering 
would be determined in response to the bit error rate characteristics in a fi«q\ieocy 
region to determine how many channels the ingress actually corrupted. 

Another ^yproach as previously discussed with re^wct to the ingress filter 
and FFT 1 12 of the MCC i^stream receiver aichitecnse of Figure 26 is the 
polyphase filter strucmre. Hie cost and power associated with the filter are absorbed 
at the HDT 12, while sui^lying sufficient ingress protection for ^ systeoL Tbus, 
power consun^nion at the ISUs 100 is not increased. The preferred filter structure 
involves two staggered polyphase filters as previously discussed with r espect to 
Figures 31 and 32 attfaough use of one filter is clearly contemplated with loss of 
some channels The filtet^transform pair combines the filter and demodulation 
inocess into a single step. Some of the features provided by polyphase filtering 
incltide Ae ability to protect the receive band against narrowband ingress and allow 
for scalable bandwidth usage in the upstream transmission. With these approaches, 
if ingress renders some chaxmels unusable, the HDT 12 can command the ISUs to 
transmit upstream on a different carrier freqtiency to avoid such ingress. 

The above approaches for ingress protection, including at least the use of 
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digital tunable aotch filters and polyphase filters, art equally applicable to point to 
point systems utilizing multicarher transport For example, a single NflSU 
transporting to a single HDT may use such techniques. In addition, uni-directional 
multi-point to point transport may also utilize such techniques for ingress protectioa 

In addition, chaxmel monitoring and allocation or reallocation based thereon 
may also be used to avoid ingress. External variables can advenely affect the 
quality of a given channel. These variables are numerous, and can range from 
electro-magnet interference to a physical break in an optical fiber. A physical break 
in an optical fiber severs the communication link and cannot be avoided by 
switching channels, however, a channel which is electrically interfered with can be 
avoided until the interference is gone. After the interference is gone the channel 
could be used again. 

Referring to Figure 40, a channel monitoring method is used to detect and 
avoid use of corrt^ted channels. A channel monitor 296 is used to receive events 
from board support software 298 and update a channel quality table 300 in a local 
database. The inonitor 296 also sends messages to a fiuilt isolator 302 and to 
channel allocator 304 for allocation or reallocation. The basic iz4>ut to the channel 
monitor is parity enors which are available from hardware per the DSO^ channels ; 
the DS(H channels being 10-bit channeb with one of the bits having a parity or data 
integrity bit inserted in the channel as previously discussed. The parity error 
information on a particular channel is used as raw data which is sampled and 
integrated over time to arrive at a quality status for that channel. 

Parity eiioii are integrated using two time frames for each of the different 
service types including POTS, ISDN, DDS, and DSl, to determine channel stams. 
The first integraticm routine is based on a short integration time of one second for all 
service types. The second routine, long integration, is service dependent, as bit error 
rate requirements for various services require differing integration times and 
monitoring periods as seen in Table 4. These two methods are described below. 

Rf ffrring toJ Eipats 4UA Z ^ 4 3i the basi c s hor t int epaQoa-opertten-ts — 
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described. WJ»cn tWity enor of a channel is detected by the CXMU 56, a parity 
interrupt u disabled W setting the interrupt priority level above that of the parity 
interrupt (Figure 41). \f a modem alarm is received which indicates a received 
signal failure, parity ann will be ignored until the failure condition ends. Thus, 
some failure conditions Anil supersede parity error monitoring. Such alarm 
conditions may include lo^ of signal, modem £ulure, and loss of synchronization. 
If a modem alarm is not acnye, a parity count table is updated and an errw timer 
event as shown in Figure 42 a enabled. 

When the error ti Tf" rm& is enabled, the channel monitor 296 enters a mode 
wherein parity error registen of\he CXMU 56 are ie«l every 10 miUiseconds and 
error countt are summarized after V one second monitoring period. Generally, the 
error countt are used to update the ^annel quality database and determine which (if 
any) channeb require re-aUocaiion. The channel quality table 300 of the database 
contains an ongoing record of each chi^l. The table organizes the history of the 
channels in categories such as: current ISIJ assigned to the channel, start of 
monitoring, end of monitoring, total error>«ron in last day. in last week and in last 
30 days, number of seconds since last error,yvere enors in last day , in last week 
and in last 30 days, and current service type, iuch as ISDN, assigned to the channel. 

As indicated in Figure 4 1 , after the pariA intetiupt is disabled and no active 
alarm exists, the parity counts are updated and tfaft timer event is enabled. The timer 
event (Figure 42), as indicated above, includes a ode second loop where the errors 
are monitored. As shown in Figure 42, if the one aeeond loop has not elapsed, the 
error counts are continued to be t^dated. When the sMond has elapsed, the errors 
are summarized. If the summarized erron over the one second period exceed an 
allowed amount «"<<««'Jtiwg that an allocated channel is coit^ipted or bad, as 
described below, channel allocator 304 is notified and ISU transmission is 
reallocated to a different channel. As shown in Figure 43. whta the reallocation has 
been convicted, the interrupt priority is lowered below parity sd that channel 
monitoring continues and the channel quality database is updated^nceming the 
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tcdons taken. Tli^^reallocttion tisk may be accomplished as a separate task from 
the error timer task performed in conjunction with that task. For example, the 
reallocator 304 may beypart of channel monitor 296. 

As shown in ?igm 44 in an alternate embodiment of the error timer task of 
Figure 42, channels can m determined to be bad before the one second has elapsed. 
This allows the channels thiu are determined to be corrupted during the initial 
portion of a one second intemJ to be quickly identified and reallocated without 
waiting for the entire one secotul to elapse. 

Instead of reallocation, the power level for transmission by the ISU may be 
increased to overcome the ingressim the channel. However, if the power level on 
one channel is increased, the power level of at least one other channel must be 
decreased as the overall power level must be kept substantially constant If all 
channels art determined bad, the fiuilt isblator 302 is notified indicating the 
probabiUty that a critical fiulure is pesentWha^ If the summarized 

enois over the one second period do not exM an allowed amount indicating that 
the allocated channel is not corrupted, the int^rupt fniority is lowered below parity 
and the error timer event is disabled. Such evem is then ended and the channels 
once again are monitored for parity errors per Figure 41. 

Two issues presented by periodic parity monitoring as described above must 
be addressed in order to esdmate the bit error rate corresponding to the observed 
count of parity enors in a monitoring period of one second to determine if a channel 
iscorrupted Tliefirstisthenanircof parity itself. Accepted jwcticc for data 
formats using block error detection assumes that an errored block represents one bit 
of error, even though the error actually represents a large number of data bits. Due 
to the nature of the data transport system, erron injected into modulated data are 
expected to randomize the data. This means that the average errored frame will 
consist of four (4) errored data bits (excluding the ninth bit). Since parity detects 
only odd bit errors, half of all errored frames are not detected by parity. Therefore, 
each parity (frame) error induced by transport interference represents an average of 
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8 (data) bits of error. Second, each monitoring parity error represents 80 frames of 
dau (10 ms/I2S \xsy Since the parity error is latched, all errors will be dete ct ed, but 
multiple errors will be detected as one error. 

The bit error rate (BER) used as a basis for deteimixung when to reallocate a 
channel has been chosen as \0r\ Therefore, the acceptable number of parity errors 
in a one second interval that do not exceed 10*' must be determined. To establish 
the acceptable parity errors, the probable number of frame errors represented by 
each observed (monitored) parity error must be predicted. Given the number of 
monitored parity errors, the ^bable number of frame enors per monitored parity 
error, and the number of bit errors represented by a fnmc (parity) error, a probable 
bit error rate can be derived. 

A statistical technique is used and the following assumptions are made: 

1. Errors have a Poisson distribution, and 

2. If the ntmber of monitored parity erron is small (< 10) with 
respect to the total number of "samples" (100)» ±c monitored 
parity error rate (PER) reflects the mean frame error rate (PER). 

Since a monitored parity error (MPE) represents 80 frames, assumption 2 implies 
that the number offrame errors (FEs) "behind' each parity error is equal to 80 PER. 
That is, for 100 parity samples at 10 ms per sample, the mean number of frame 
errors per parity error b equal to 0.8 times the count of MPEs in one second. For 
example, if 3 MPEs are observed in a one second period, the mean number of EEs 
for each MPE is 2.4. Multiplying the desired bit error rate times the sample size and 
dividing by the bit errors per frame error yields die equivalent number of frame 
errors in die sample. The number ofFEs is also equal to the product of the number 
of MPEs and the number of FEs per MPE. (jiven the desired BER, a solution set for 
the following equation can be determined 
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The Poissoo distribution, as follows, is used to compute the probability of a given 
number of FEs lepiesented by a MPE (x), and assumption 2. above, is used to arrive 
at the mean number of FEs per MPE (m). 

x! 

Since the desired bit error rate is a maxiznunu the Poisson equation is applied 
successively witfa values for x of 0 up to the maximum number. The sum of these 
probabilities is the probability that no more than x frwaat errors occurred for each 
monitored parity emr. 

The results for a bit error rate of 10*' and bit errors per frame error of 1 and 8 
are shown in Table 3. 



Table 3: Bit Error Rate Probability 



Bit Errors 


Monitored 


Maximum Frame 


Avenge Frame 




per Frame 


Parity 


EiTors/Monitored 


Errors/Monitored 


Probability of 


Error 


Errors 


Parity Error (x) 


Parity Error (^) 


BER<-10-» 


8 


2 


4 


1.6 


98V. 1 


3 


3 


2.4 


78V. 1 


4 


2 


3.2 


38V. 1 


I 


8 


8 


6.4 


80V. 1 


9 


7 


7.2 


S6V. 1 


10 


7 


g.O 


4SV. 1 



Using diis technique, a value of 4 monitored parity errors detected during a 
one second integration was determined as the threshold to reallocate service of an 
ISU to a new channel. Tliis result is arrived at by assuming a worst case of 8 bit 
errors per frame enor» but a probability of only 3 8% that the bit error rate is better 
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than 10*^ The product of the bit cttor per frime, monitored pirity errors ind 
maximum frame crron per monitored parity error must be 64, for a bit error rate of 
10-' (64 errors in 64k bits). Therefore, when the sampling of the parity enors in the 
error timer event is four or greater, the chanrtel allocator is notiSed of a corrupted 
channel. If the sampled monitored parity errors is less than 4, the interrupt priority 
is lowered below parity and the error timer evertt is disabled, ending the timer error 
event and the channels art then morutored as shown in Figure 41. 

The following is a deschkion of the long integration operation performed by 
the background monitor routine (Figure 45) of the channel monitor 296. The 
background monitor routine is ustt) to ensure quality integrity for channels requiring 
greater quality than die short integibtion 10*' bit error rate. As the flow diagram 
shows in Figure 4S, the b8ckgn>undimonitor routine operates over a specified time 
for each service type, updates the cUbnel quality database table 300, clears the 
background count, determines if the integrated errors exceed the allowable limits 
determined for each service type, and notifies the channel allocator 304 of bad 
channels as needed. \ 

In operation, on one second intervals, the background monitor updates the 
channel quality database table. Updating the channel quality data table has two 
purposes. The first purpose is to adjust the bit error rate and number of errored 
seconds data of error free channeb to reflect ^ir increasing quality. The second 
purpose is to integrate intermittent er r o r s on monitored channels which are 
esqmeodng enor levels too low to result in short integration time reallocation (less 
than 4 parity errm/second). Channels in this category have their BER and numbers 
of eirored seconds data adjusted, and based on the data, may be re-allocated. This is 
known as long integrttion time re*allocation, and the defisult criteria for long 
integration time re*aUocation for each service type are shown as follows: 
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Service 


Maximum 




Errored 


Monitoring 


type: 


BER: 


Integration Time: 


seconds 


Period: 


POTS 


10-^ 


1 second 






ISDN 




157 seconds 


8% 


1 hour 


DDS 


10' 


157 seconds 


0.5 Vo 


1 hour 


DSl 




15.625 seconds 


0.04% 


7 hours 



Because POTS service does not require higher quality than lO"*. corrupted channels 
are sufficiently eliniinated using the shon integration technique and long imegration 
is not required. 

As one example of long integration for a service type, the background 
monitor shall be described with reference to a channel used for ISDN transport. 
Maximum bit error rate for the channel may be 10^, the number of seconds utilized 
for integritioo time is 157. the maximum number of errored seconds aUowable is 
8% of the 157 seconds, and the monitoring period is one hour. Therefore, if the 
summation of errored seconds is greater than 8V. over the 157 seconds in any one 
hour monitoring period, the channel allocator 304 is notified of a bad channel for 
ISDN transport. 

Unallocated or unused channelk but initialized and activated, whether used 
for reaUocation for non-concentration se^ces such as TR-8 or used for allocation or 
reaUocation for concentration services suctf^ TR-303. must also be monitored to 
insure that they are not bad, thereby reducingNhe chance that a bad channel will be 
allocated or reallocated to an ISU 100. To moidwr unallocated channels, channel 
monitor 296 uses a backup manager routine (Figuie 46) to set up unallocated 
channels in a loop in order to accumulate error dataWd to make allocation or re- 
allocation decisions. When an unallocated channel ej^wiences errors, it will not be 
allocated to an ISU 1 00 for one hour. After the channel has remained idle 
(unallocated) for one hour, the channel monitor places the etannel in a loop back 



mode to see if the channel has imptoved. In loop back mode, the CXMU S6 
commands an initialized and activated ISU 100 to transmit a message on the channel 
long enough to pcrfom short or long imMration on the parity erron as appropriate. 
In the loop back mode, it can be dctermiiAd whether the previously comipted 
channel has improved over time and the ch^inel quality database is updated 
accordingly. When not in the loop back modeNych channels can be powered down. 

As described above, the channel quality database includes information to 
allow a reallocation or allocation to be made in such a manner that the channel used 
for allocation or reallocation is not corrupted. In addition, the information of the 
channel quality database can be utilized to rank the unallocated channels as for 
quality such that they can be allocated effectively. For example, a channel may be 
good enough for POTS and not good enough for ISDN. Another additional channel 
may be good enough for both. The additional channel may be held for ISDN 
transmission and not used for POTS. In addition, a particular standby channel of 
very good quality may be set aside such that when ingress is considerably high, one 
channel is always available to be switched to. 

In addition, an estimate of signal to ix>ise ratio can also be determined for 
both unallocated and allocated channels utilizing the equalizer 214 of the MCC 
modem 82 upstream receiver architecture as shown in Figure 26. As described 
earlier, the equalizer was previously utilized to determine whether a channel was 
idle such diat it could be allocated During operation of the equalizer, as previously 
described, an error is generated to update the equalizer coefficients. Themagnimde 
of die enor can be mapped into an estimate of signal to noise ratio (SNR) by signal 
to noise monitor 30S (Figure 26). Likewise, an unused channel should have no 
signal in the band. Therefore, by looking at the variance of the detected signal 
within the unused FFT bin, an estimate of signal to noise ratio can be determined. 
As the signal to ix>ise ratio estimate is directly related to a probable bit eiror rate, 
such probable bit error rate can be utilized for channel monitoring in order to 
determine whether a bad or good channel exists. 
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Tberefert, for reallocation for nonconcentration services such as TR*8 
services, reallocation can be perfonned to unallocated channels with such 
unallocated channels monitored through the loopback mode or by SNR estimation 
by utilization of the equalizer. Likewise, allocation or reallocation for concentration 
services such as TR-303 services can be made to unallocatrri channels based upon 
the quality of such unallocated channels as determined by the SNR estimation by 
use of the equalizer. 

With respect to channel allocation, a channel allocator routine for channel 
allocator 304 examines the channel quality database table to detennine which DSCK 
channeb to allocate to an ISU 100 for a requested service. The channel allocator 
also checks the status of the ISU and channel units to verify in-seivice status and 
proper type for the requested service. The channel allocator attempts to maintain an 
optimal distribution of the bandwidth at the ISUs to permit flexibility for chaxmel 
reallocation. Since it is preferred that ISUs 100. at least HISUs, be able to access 
only a portion of the RF band at any given time, the channel allocator must 
distribute channel usage over the ISUs so as to not overload any one section of 
bandwidth and avoid reallocating in-service channels to make room for additional 
channels. 

The process used by the channel allocator 304 is to allocate equal numbers of 
ISU type to each band of channels of the 6 MHz spectrum. If necessary, in use 
channels on an ISU can be moved to a new band, if the current ISU band is full and 
a new sexvioe is assigned to the ISU. Likewise, ifa channel used by an ISU in one 
band gets corr^yted, die ISU can be reallocated to a channel in another subband or 
band of channels. Remember that the distributed IOC channels continue to allow 
communication between the HDT 12 and the HISUs as an HISU always sees one of 
the IOC channels distributed throughout the spectrum. Generally, channels with the 
longest low-error rate history will be used first In this way, channels which have 
been marked bad and subsequenUy reaUocated for monitoring purposes will be used 
last, since their histories will be shorter than channels which have been operating in 
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a low oTor condiuoo for a longer period. 

.Wnnd gmhodimgnt of Telenhonv Tranmort Svrtem 
A second embodunent of an OFDM tele|diony transport system, referring to 
Figures 36-39 shall be described. The 6 MHz spectrum allocation is shown in 
Figure 36. The 6 MHz bandwidth is divided into nine channel bands OMiesponding 
to the Hint individual modems 226 (Figure 37). It will be recognized by one skilled 
in the art that less modems could be used by combining identical operations. Each 
of the channel bands includes 32 channels modulated with a quadrature 32«ary 
fonnat (32*QAM) having five bits per symbol. A single channel is allocated to 
stipport transfer of operations and control data (IOC control data) for 
communication between an HDT 12 and ISUs 100. This channel uses BPSK 
modulation. 

The transport architecture shall first be described with respect to downstream 

t mncmijMi ftti and then with nspeeit to uprtream t ntnffllilri on. Referring tO Figure 

37. the MCC modem 82 architecnireoftbe HDT 12 will be described. In the 
downstream direction, serial telephony information and control data is ^lied from 
the CXMC 80 through the serial interfice 236. The serial data is demultiplexed by 
demultiplexer 238 into parallel data streams. These data streams are submitted to a 
bank of 32 channel modems 226 which perfonn symbol mapping and fiut Fourier 
transform (FFT) functions. The 32 channel modems output time domain seniles 
which pass through a set of mixers 240 that are driven by the synthesizer 230. The 
mixers 240 create a set of frequency bands that are orthogonal, and each band is 
then filtered through the filter/combiner 228. The aggregate output of the 
filter/combiner 228 is then up-converted by synthesizer 242 and mixer 241 to the 
final transmitter frequency. The signal is then filtered by filter 232, amplified by 
amplifier 234, and filtered again by filter 232 to take off any noise content The 
signal is then coupled onto the HFC distribution network via telephony transmitter 
14. 
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On the downstream end of the HFC distribution network 1 1, in ISU 100 
includes a subscriber modem 258 as shown in Figure 38. The downstream signals 
are received from' the ODN 1 8 through the coax leg 30, and are filtered by filter 260 
which provides selectivity for the entire 6 MHz band. Then the signal is split into 
two pans. The first pan provides control data and timing information to 
synchronize clocks for the system. The second pan provides the telephony data. 
With the control dau received separately from the telephony data, this is referred to 
as previously described above as an out of band ISU. Tbe out of band control 
channel which is BPSK modulated is split off and mixed to baseband by mixer 262. 
The signal is then filtered by filter 263 and passed through an automatic gain control 
stage 264 and a Costas loop 266 where carrier phase is recovered. Tbe signal that 
results is passed into a timing loop 268 so timing can be recovered for the entire 
modem. Tbe IOC control data, which is a byproduct of the Costas loop, is passed 
into the 32 channel OFDM modem 224 of tbe ISU 100. Tbe second pan of the 
downstream OFDM waveform is mixed to base band by mixer 270 and assoc i ated 
synthesizer 272. Tbe output oftbe mixer 270 is filtered by filter 273 and goes 
through a gain control stage 274 to prepare it for reception. It then passes into the 
32 channel OFDM modem 224. 

Referring to Figure 39, tbe IOC control dau is hard limited through function 
block 276 and provided to microprocessor 225. Tbe OFDM telephony data is 
passed throu^ an analog to digital converter 278 and input to a first-in firstK)ut 
buffer 280 where it is stored. When a sufficient amount of information is stored, it 
is accepted by ttie microprocessor 22S where tbe remainder of the demodulation 
process, including application of an FFT, takes place. Tbe microprocessor 225 
provides the received data to the rest of the system through the receive dau and 
receive data clock interfiice. Tbe fast Fourier transform (FFT) engine 282 is 
implemented off tbe microprocessor. However, one skilled in the art wiU recognize 
that the FFT 282 could be done by the microprocessor 225. 

In the upstream direction, data enters the 32 channel OFDM modem 224 
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through the transmit data ports and is converted to symbols by the microprocessor 
225. These symbols pass through the FFT engine 282, and the resulting time 
domain waveform, including guard samples, goes through a complex mixer 284. 
The complex mixer 284 mixes the waveform up in frequency and the signal is then 
passed through a random access memory digital to analog converter 286 (RAM 
DAC). The RAM DAC contains some RAM to store up samples before being 
applied to the analog portion of the ISU upstream transmitter (Figure 38). Referring 
to Figure 38, the OFDM output for upstream transport is filtered by filter 288. The 
waveform then passes through mixer 290 where it is mixed under control of 
synthesizer 291 up to the transmit frequency. The signal is then passed through a 
prx>cessor gain control 292 so that amplitude leveling can take place in the upstream 
path. The upstream signal is finally passed through a 6 MHz filter 294 as a final 
selectivity before upstream transmission on the coaxial leg 30 to the ODN 1 8. 

In the upstream direction at the HDT 12 side, a signal received on the coax 
from the telephony receiver 1 6 is filtered by filter 244 and amplified by amplifier 
246. The received signal which is ortbogonaUy frequency division multiplexed, is 
mixed to ba^band by bank of mixers 248 and associated synthesizer 2S0. Each 
output of the mixers 248 is then filtered by baseband filter bank 252 and each output 
time domain waveform is sent then to a demodulator of the 32 channel OFDM 
modems 226. The signals pass through a FFT and the symbols are mapped back 
into bits. The bits are then multiplexed together by multiplexer 254 and applied to 
CXMC 56 tfarou^ the other serial interface 2S6. 

As shown in this embodiment, the ISU is an out of band ISU as utilization of 
separate receivers for control data and telephony data is indicative thereof as 
previously discussed In addition, the separation of the spectrum into channel bands 
is further shown. Various other embodiments as contem pl a t ed by the accompanying 
claims of the transport system are possible by building on the embodiments 
described herein. In one embodiment, an ICX: control channel for at least 
synchronization information transport, and the telephony service channels or paths 
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art provided into t single format The IOC link between the HDT 12 and the ISUs 
100 may be implemented as four BPSK modulated carriers operating at 16 kbps, 
yielding a datt rmte of 64 kbps in total. Each subscriber would implement a simple 
separate transceiver, like in the second embodiment* which continuously monitors 
the service channel assigned to it on the downstream link separately from the 
telephony channels. This transceiver would require a tuned oscillator to tune to the 
service IOC channel. Likewise, an IOC channel could be provided for channel 
bands of the 6 MHz bandwidth and the channel bands may include orthogonal 
carriers for telephony dau and an IOC channel that is received separately from the 
reception of the orthogonal carriers. 

In another embodiment, instead of 4 BPSK channels, a single 64 kbps IOC 
channel is provided. This single channel lies on the OFDM frequency structure, 
although the symbol rate is not compatible with the telephony symbol rate of OFDM 
framework. This single wide band signal requires a wider band receiver at the ISU 
100 such that the IOC link between the HDT 12 and ISUs is always possible. With 
single channel support it is possible to use a fixed reference oscillator that does not 
have to nine across any part of the band in the subscriber units. However, unlike in 
the first embodiment where the IOC channels are distributed across the spectrum 
allowing for narrow band receivers, the power requirements for this embodiment 
would increase because of the use of the wide band receiver at the ISU 100. 

In yet another embodiment, the IOC link may include two IOC channels in 
eadi of 32 OFDM channel grot^. This increases the number of OFDM carriers to 
34 from 32 in each group. Each channel group would consist of 34 OFDM channels 
and a channel band may contain 8 to 10 chaxmels groups. This approach allows a 
narrow band receiver to be used to lock to the reference parameters provided by the 
HDT 12 to utiliic an OFDM waveform, but adds the con^lexity of also having to 
provide the control or service information in the OFDM data path format Because 
the subscriber could tune to any one of the channel groups, the information that is 
embedded in the extra carrien must also be tracked by the central office. Sincethe 
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system needs to support a timing acquisitioo requirement, this embodiment may also 
require that » synchronization signal be place off the end of the OFDM waveform. 

It is to be understood, however, that even though numerous characteristics of 
the present invention have been set forth in the foregoing description, together with 
details of the structure and function of the invention, the disclosure is illustrttive 
and changes in matters of order, shape, size, and arrangeoftent of the parts, and 
various propemes of the operation may be made within the principles of the 
invention and to the full extent indicated by the broad geoenl meaning of the terms 
in which the appended claims are expressed. 

In the following detailed description of the preferred embodiments, reference 
is made to the accompanying drawings that form a pan hereof, and in which are 
shown by way of illustration specific embodiments in which this invention may be 
practiced. It is understood that other embodiments may be used and structural 
changes may be made without departing from the scope of tt»e claimed invention. 

Figure 70 shows one embodiment of this invention having an apparanis, 
generally indicated as FFT system 2100, which performs boA forward and inverse 
FFT functions. Ths input/output signals to FFT system 2100 include some (or, in 
one preferred embodiment, all) of the following: real data-in 2111 (having an N*bit- 
wide data pyt h: in ooe embodiment, this is 10 bits wide, and bi<<lirectional so it can 
be both written to and read from), imaginary data-in 2112 (having an N-bit-wide 
data path; in one embodiment, this is 10 bits wide, and bi-directional so it can be 
both written to and read from), address in 21 13 (having enough bits to specify 
addresses for eadi input value or input-value pair), control and clock lines 21 14 that 
control wridng (and reading) data from the input side, test signals 21 IS, size-select 
bits 21 16, bit-growth-select bits for each of P stages including bit-growth-l bits 
2117 through bit-growth-P bits 21 18, forward/inverse select signal 21 19 which 
specifies whether to perform a forward or inverse transform, power-down command 
signal input 2109, real data-out 2121 (having an M-bit-wide data path, in one 
embodiment, this is 10 bits), imaginary data-out 2122 (having an M-bit-wide data 
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path, in one embodiment, this is 10 bits), address out 2123 (having enough bits to 
specify addmo^ for each output value or output value pairXin one embodiment, 
these are driven by an external device to select output values as they are needed), 
control and clock lines 2124 that control reading dau from the output side, overflow 
signal 2 1 25 which indicates that one or more output values has overflowed, and FFT 
complete signal 2126 which is activated when a transform has been completed. 

ASIC 2101 FMhrieatien 

In one embodiment, the FFT system 2100 is fiibricated on an application- 
specific integrated circuit TASIC**) 2101, a chip fiibricated by LSI Logic Inc. In 
this embodiment, full scan testing circuits are included into the ASIC 2101 for 
testability. In this embodiment, FFT system 2100 is fiibricated in LSI Logic 
LCBSOOK technology, which is a O.S micron rule, 3 J Volt CMOS (coa^>lementaiy 
metal*oxide semiconductor) process. 

Functional Deseriprion, Ovgrvicw of FFT Svstem 2100 

In one embodiment, ASIC 2101 has four pins, si» select 21 16, to select 
between the various transform sizes (i.e., transforms having 2*^ points; 
where SsNilO, thus providing selectability for a 1024-point transform, a SI2-point 
transform, a 256-point transform, a 128-point transform, a 64-point transform, or a 
32-point transform). In one application, transforms are completed in less than 125 
microseconds. See the ^^Ezecntton Time** section below for the minimum clock 
fiequeacies necessary to meet this requirement In one embodiment, when 
petforming a 1024-point transfonn, a clock of at least approximately 32 MHz is 
required. In one embodiment, when performing a 512-point transform, a clock of at 
least approximately 16.S MHz is required. In one embodiment, when performing a 
32-potnt transform, a clock of at least approximately 4 MHz is required. 

Figure 71 is a block diagram of modem 2400 according to the present 
invention which includes a FFT system 2100 configured to perform an IFFT in 
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transmitter sectioa 2401 (similar to the tnnsmitter shown in Figure 21) tod mother 
FFT system 21 00 configured to perform in FFT in receiver section 2402 (similar to 
the receiver shown in Figure 26). 

in one embodiment, ASIC 2101 has three logical banks of RAM which are 
configurable as shown in Figure 72: an input RAM 2251 (containing a plurality of 
real input values 2241 and a plurality of imaginary input values 224S), an output 
RAM 2253 (containing a plurality of real output values 2243 and a plurality of 
imaginary output values 2247), and a convenion RAM 2252 (containing a plurality 
of real conversion values 2242 and 2244 and a plurality of imaginary conversion 
values 2246 and 2248). In one embodiment, input RAM 2251 bu 1024 complex- 
value positions, each 20 bits wide (10 bits wide for each real input value 2241 and 
10 bits wide for each imaginary input value 2245), output RAM 2253 has 1024 
complex-value positions, each 20 bits wide (10 bits wide for each real output value 
2243 and 10 bits for each imaginary output value 2247) and conversion RAM 2252 
has 1024 con4>lex*value positions, each 30 bits wide (15 bits wide for each real 
conversion value 2242 and 2244 and 1 5 bits wide for each imaginaiy conversion 
value 2246 and 2248). (Tbe 5 extra low-order real bits 2244 and 5 extra lowK)rder 
imaginary bits 2248 in each position of the conversion RAM 2252 help to avoid loss 
of precision during calculations.) The internal funcdons of ASIC 2101 have 
exclusive access to the conversion RAM 2252 and perform the FFT calculations out 
ofthis conversion RAM 2252. The input RAM 2251 is accessible to the user's input 
device tt an input to the FFT system 2 1 00 (to be written under external control with 
inputdata). Tbe output RAM 2253 is accessible to the user's output device as an 
output source (to be read under external control to obtain output data). In one 
embodiment, ttie rising edge of an approximately 8-KHz frame clock 2108 is used to 
start the computation of each transform (e.g., either a 1024^int FFT, or a 1024- 
point IFFT). 

In one embodiment, the functions of all three banks of RAMs are also 
"permuted*" on the rising edge of this 8-KHz frame clock 2108, before each FFT 



140 

calculation starts. As used herein, this ""pennutation** changes the function of each 
bank of RAM without actually moving dau: input RAM 22S I becomes conversion 
RAM 2252, conversion RAM 2252 becomes output RAM 2253, and output RAM 
2253 becomes input RAM 2251. Note that, in this embodiment, no RAM dau is 
moved when the functions are pennuted. Figure 73 shows one embodiment of i 
physical implementation which provides the function of input RAM 225 U 
conversion RAM 2252, and output RAM 2253. Bank control block 2131 pennutes 
the fimction of the physical RAM banks 2151, 2152 and 2153 at the rising edge of 
frame clock 2139. One of the functions of bank control state machine 21 31 is to 
control the routing of data through RAM input multiplexers (MUXs) 2171, 2172, 
and 2 1 73 and the routing of dau through RAM output multiplexers (MUXs) 2181, 
2182, and 2183. For example, at a first given state, bank control 2131 controls 
input-select block 2132 to input dau into physical RAM bank 2151 (in one 
embodiment, physical RAM bank 2151 includes 1024 ten^t real values and 1024 
ten^it imaginary values). Thus, in the first state, physical RAM bank 2151 acts as 
logical input RAM bank 2251. Once all ofthe desired first set ofinput values (up to 
1024 valaes or pairs of values) have been inputted, Ae frame clock 2139 is driven 
to changed state ofbank control 2131 (permuting the tfiree RAM bank's 
respective functions) to a second state, in which bank control 2131 controls input* 
select block 2132 to ii^nit dau into physical RAM bank 2152 and bank control 2131 
controls conversion^select block 2133 to direct computation accesses for dau into 
physical RAM bank 2151. (The five lowH>rder bits of values used for confutation 
are always provided from physical RAM bank 2154.) Thus, in the second sute, 
physical RAM bank 2152 acts as logical input RAM bank 2251 and physical RAM 
bank 2151 acts u logical conversion RAM bank 2252. Once aU of ite desired 
second set of input values (up to 1024 values or pain of values) have been inputted, 
the frame clock 2139 is driven to change the state of bank control 2131 (permuting 
the three RAM bank's respective functions again) to a third state, in which bank 
control 213 1 controls input-select block 2132 to input dau into physical RAM bank 
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2153, bank control 2131 controls conversion-select block 2133 to direct 
computation accesses for dau into physical RAM bank 21S2. and bank control 2131 
controls output-select block 2134 to direct output requests for accesses for dau from 
physical RAM bank 2151 . Thus, in the third stale, physical RAM bank 2153 acts as 
5 logical input RAM bank 225 1 . physical RAM bank 2 1 52 acts as logical conversion 

RAM bank 2252. and physical RAM bank 2151 acts as logical output RAM bank 
2253. Once all of the desired third set of input values (up to 1024 values or pairs of 
values) have been inputted - and the first set of convened output values (up to 1024 
values or pairs of values) have been outputted - then the fiame clock 2139 is driven 
10 to change the state ofbank control 2131 (permuting the diree RAM bank's 

Q respective fimctions again) back to the first State, in which bank control 2131 

controls input-select block 2 1 32 to input dau into physical RAM bank 2151, bank 

□ control 2131 controb conversion-select block 2133 to direct con^nitation accesses 

for data into physical RAM bank 21 52, and bank control 2131 controls output-select 

-■4 15 block 2134 to dirert o\stpat requests for accesses for data from i^ysical RAM bank 

2153. Thus, in the first state, physical RAM bank 2151 again acts as logical input 

Q RAM bank 2251. physical RAM bank 2153 acts as logical conversion RAM bank 

2252, and physical RAM bank 2152 actt as logical output RAM bank 2253. 

'J At the beginning of each transform (i.e, FFT/IFFT (fast Fourier transform or 

^ 20 inverse fiut Fourier transform)) process, the functions of the RAM bank memories 

(the mapping of RAMs 2151, 2152, and 2153 to RAMs 2251. 2252, and 2253) are 
permuted. The convetsioo RAM 2252 becomes the output RAM 2253. the input 
RAM 2251 becomes the conversion RAM 2252. and dw output RAM 2253 becomes 
the input RAM 2251. Each RAM (2251. 2252, and 2253) has its own independent 
25 control and clock signals (21 14, 2128, and 2124. respectively). WhUe the current 

transform is being calculated in conversion RAM 2252, the results of the previously 
calculated FFT/IFFT may be read from the output RAM 2253 and the data for the 

next FFT calculation may be asynchronously and simultaneously written to the input 
RAM 2251. In one embodiment, access to the input RAM 2251 and output RAM 
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2253 is restricted for 3 clock cycles (one prior to and two tftcr) relative to the rising 
edge of the frame clock. This allows the RAM pennutatioQ to proceed safely 
without undesirable data loss. 

Fpfumfd Fafl ^^^^ Tmntfam (FTD and 

In one etnbodiment, FFT system 2100 is implemented on a single integrated 
circuit GC) that performs both a forward FFT and an invene FFT (TF^ 
called a reverse FFT)* A pin, forward/inverse signal 2119, selects between the two 
types of transfonn. The inverse FFT uses the identical calculation sequence as the 
forward transform, but the complex values (i.e., real and imaginary) of the twiddle 
facton and butterfly coefficients are conjugated relative to diese values used for the 
FFT. A forward FFT is defined to convert a time<<iomain signal into frequency* 
domain signals and, in one embodiment, is used in the transmitter 2401 of modem 
2400 (see Figure 71). An invcrae FFT is defined to conven frequency-dosiain 
signals to time-domain signals and is used in the receiver 2402 of the modem 2400. 

In one em W^*T***^* , the underlying structure of FFT system 2100 supports 
five radix-4 butterflies (Le., butterfly operations) usable to perform the 1024-point 
transforms (FFT and DTT). Tte butterflies and stages are reduced for lower-order 
transforms. (In one embodinient, every other twiddle filter of the 1024-point 
twiddle-bctor looki^ table 2610 is used when calculating the S12*point transforms 
by forcing to sm the loworder address bit to the twiddle-fiKtor lookup table 26 1 0. 
Every fourth twiddle foctor of the 1024*point twiddle-fi^tor lookup table 2610 is 
used when calculating the 256»point transforms by forcing to zero the two low-order 
address bits to Aetwiddle-fiKtorlookq) table 2610.) In one embodiment, all FFT 
transforms are calculated by using ndix-4 butterflies, except for the last stage of the 
S 12-point, 128*point and 32-point transforms, which use the radix-4 strucmre to 
perform a radix-2 butterfly. (Obvious extensions are made if other transforms are 
used). Thus, the 1024-point transfomis use five stages of ndix-4 butterflies, the 
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S12-point tnnsfonns use four stages of radix-4 butterflies followed by one stage of 
a ridix-2 butterfly, etc. 

Scaling ofFFTououi 

In one embodiment, scaling is controlled by ten external pins (bit-growth 
signals 21 17 though 2118) on the ASIC 2101. Two pins are used for each of the 
five passes required for the 1024- and S12-point tnnsform. The use of two pins at 
each stage allows a scaling fiictor (e.g., a shift right of each intermediate result 
value) of from 0 bits to 3 bits which exceeds the nominal bit growth of I bit 
observed in the inventor's analysis. In one embodiment, the binary number 
represented by each pair of pins indicates the number of binary places that the 
results of each calculation are to be shifted right (divided) by before they are placed 
back into conversion RAM 22S2. Note that in one such embodiment scaling the 
result after each butterfly operation requires at least some working registers to 
maintain bits greater than the MSB of the IS-bit values (each for real and imaginary) 
in die internal conversion RAM 225 2, and the scaling to be applied prior to storage 
in the conversion RAM 2252. 

RQund^QfEtnmMtiQn- Mturatinn and scaling 
20 In one embodinwat, each input and output number is represented by 10 bits 

(i.e.. 10 bits fix each real portion, plus 10 bits for each imaginary pordon of a 
complex pair of numbers). Numbers are represented as two*s-complement 
fractional arittmietic with the binary point immediately to the right of sign bit 
Fractional arithmetic helps prevent multiplies from causing overflow. The result 
25 portion of a double-precision multiply which is used is the upper fifteen bits. 

Number growth u managed by the 10 scaling pins (bit growth signals 21 17* 
2118) mentioned previously. In addition, the ASIC 2101 uses saniration logic that 
prevents number roll over. That is to say, that if the result of an addition or 
substiaction exceeds the t"*^^"'"'" value that can be represented in IS bits, the 
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result is replaced by a value representing the oiaximum possible integer. Likewise, 
if the result of an addition or substnction is less than the minimum value that can be 
represented in IS bits, the result is replaced by a value representing the minimum 
possible integer. 

In one embodiment* ASIC 2 1 01 has the following registers for real and 
complex data: 10-bit input RAM 22S1 and 10-bit output RAM 22S3, and a IS bit 
conversion RAM 22S2. The input values are presented as a cwo*s complement 
fractional binary value (2.bbbbbbbbb). In the internal conversion RAM, ^ five 
extra bits are appended at the bottom (i.e., low^crder position) of the input word. 
The resulting format is an extended 2's<omplement value in the internal conversion 
RAM 22S2 ( e.g., s.bbbbbbbbbxxxxx, where s is sign, b's are significant ii^ut bits, 
and x's are extra bits to fT**'«tiii« precision). Note that in one embodiment any 
extension bits in ihc working registers extend the sign bit to achieve the desired 2*s- 
complement results. 

In one embodiment, at the output of each transform pass, the result is shifted 
down as specified by the signals provided into the scaling pins 21 1 7-2 1 1 8 for that 
pass. The output RAM 22S3 aligns ^ecisely with the upper 10 bits of the 
conversion RAM 22S2, in a manner similar to the input RAM 22S1 
(s.bbbbbbbbbxxxxx), each output value (after the final growth &ctor is applied prior 
to storage in die internal conversion RAM 22S2 is rouKled to produce the output 
results (s.bbbbbbbbr). 

PoYycrPQWD 

In one embodiment, the ASIC has a single pin, power-down signal 2109, to 
control power down that gates off the internal clock in the ASIC, and places the 
input RAM 22S1 and ouqnit RAM 22S3 into a low power state. In one 
embodiment, access attempts to those RAMS 22S1 and 22S3 while in the low power 
state will be unsuccessfiil. 
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Fxecimm Time 

The miximum FFT execudoa frequency requires that a 1024-point truisfonn 
be completed in 125 microseconds based on a 32 MHz docL 

An approximately 8-ICHz frame clock 2108 is provided to the ASIC 2101 to 
signify the beginning of a transform cycle. Prior to tbe rising edge of this dock, the 
previous FFT should be complete. Table 5 below summarizes tbe clock frequency 
to perform a 1024-point and a 512*point FFT in 125 microseconds* 



Table S: FFT Clock rcqoired to perfonn a trmasfoni in 125 micraseeoads 
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1024 


3845 


30.8 


512 


1925 


15.4 


256 


775 


6.2 


128 


390 


3.1 


64 


150 


1.2 


32 


80 


0.64 



FFTFtincttQMl Blocb 

The ASIC is partitioned into the following miyor functional blocks. 

1. RAM banks 2151, 2152, 2153 

2. Sequencer 2640 

3. Dual radix (2, 4) core 2600, including multipliers 2620 through 2627 

4. Twiddle-factor lookup table 2610 

The algorithm used is a decimation in time (DIT) FFT. The algorithm used is 
an in place algorithm which means that the results of each butterfly art put back into 
the same locations that the operands came from. The algoritfun armies digit 
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reversed input order and nonnil output order. Since the three banks of RAMs are 
independent, the reordering of the input data is done internally to the ASIC. This 
reordering is transparent to the user. Thus the user writes the dau into the input 
RAM bank in normal order and read the dau from the output RAM bank in normal 
order. If the user requires some other ordering, this may be accomplished by simply 
permuting the address line ordering. 

The order of the memory for all transform sizes are given in the section titled 
""SeqaeQcer.** 

The ASIC 2101 includes three banks of RAM that are individually 
addressable. The RAM banks 22S U 2253. and 2252 are used for input data, output 
data and conversion data* respectively. The three banks are used in order to obtain 
real-time execution of the FFT and to allow independent clock rates for the input 
and output of data in order to accoounodate clocking needs of those devices 
connected to it In one embodiment, the ixqnzt RAM bank 2251 and output RAM 
bank 2252 are each organized as 1024 twenty-bit words. The lower 10 bits of each 
20-bit word are used for real data, and die upper 10 bits of each 20-btt word are used 
for imaginary data. The conversion RAM bank 2252 is organized as 1024 thiity-bit 
words. In one embodimentt the lower 15 bits of each thirty-bit word are used for 
real data and the t^per 15 bits for imaginary data. Tbe connectivities of the three 
RAM banks of memory are controlled by a state machine which is advanced by the 
8-KHz frame signal 2108. The state machine has three states which are defined in 
Table 6 as follows: 
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Tabic 6: Typical processing states of ncmory banks. 



State 


BANK A 


BANKB 


BANKC 


0 


Input 


Convert 


Output 


I 


Convert 


Output 


Input 


2 


Output 


Input 


Convert 



In one embodiment, the RAM banks do not have a reset For input and 
output, they are accessed at a maximum of 1024 MHz rate. In one embodiment, a 
dead time of one clock cycle before the rising edge of the 8*KHz clock 2 1 08 and 
two clock cycles after is required to assure the safety of the RAM bank switching. 
The ASIC 2101 clocks the dau in on the rising edge of the input clock and clocks 
data out on the rising edge of the ou^ut dock. 

Actual operation of the conversion RAM 22S2 is a bit more complicated than 
is implied above. Actually only the top 10 bits of the conversion RAM 22S2 
participates in the bank switching between RAMs 2 1 SI, 2 1 52, and 2 153. The lower 
5 bits 21 54 are dedicated the conversion RAM 2252. Since all numbers are MSB 
aligned, no shifting needs to be done on input or output However, the last stage of 
the FFT calculation rounds the results to ten bits. This eliminates a bias that would 
restilt had the results simply been truncated The rounding is accomplished by 
adding a one to the eleventh bit position and then truncating this result 

Sc<wmficr2640 

The sequencer 2640 manages the processing of the FFT system 2 100. The 
sequencer 2640 controls the generation of addresses for the conversion RAM bank 
2252 and the twiddle ftctor ROMs 2610 through address generation blocks 2642 
and 2641 respectively. Sequencer 2640 also configures ttie calculation commands 
for the radix butterfly calculator 2630. In addition, sequencer 2640 moniton the 
calculations for overflow. If at any time during the cottrse of FFT calculation, an 
overflow or underflow is detected, then a flag is set indicating tfiat the results of the 
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FFT art suspect This overflow flig is passed along with the output dau block 
when the RAM banks are switched. Thus the flag pin 2125 indicates that the output 
dau block pteseatly being read out of the output RAM bank 2253 ouy ryot be 
accurate. This flag 2125 nuy aid the system designer in providing an mdicator for 
AGC (autoniatic gain control). 

Dual radix a 4) core 2600 

The dual radix core 2600 is the arithmetic element of ttie ASIC 2101. In one 
preferred embodiment, it includes eight 16-bit-by- 16-bit multipliers (2620 through 
2627) and thirty-two multiplexed adder*subtiictor-accumulasors In another 
embodiment, it includes twelve 16-bit-by* 16-bit multiplien and eight multibranched 
adder/subtnctor/accumulators. 

Figure 74 shows one embodiment of a dual radix core 2600. In the 
embodiment shown in Figure 74, conversion RAM bank 2252 is shown as part of 
the dual radix core. In other embodiments, conversion RAM bank 2252 is a 
separate functional unit, not considered part of the dual radix core 2600. In Figure 
74, the data fetched fiom conversion RAM bank 2252 is fetched into holding latches 
2612, with both the real (i.e., X3R, X2R, XIR, and XOR) and imaginary parts (ix., 
X3I, X2I, XII, and XOI) of four points being fetched in paraUel substantially 
simultaneously. As shown in Figure 74, the real and imaginary data fietched fiom 
conversion RAM hank 2252 is addressed by address generation circuit 2642 which 
provides four separate addresses to conversion RAM bank 2252. Therealand 
imaginary part ofa single point both use the same address. The four separate 
addresses allow different sets of points to be fetched simultaneously during various 
stages of the transform operatioiL 

As further shown in Figure 74, the data fetched fiom conversion RAM bank 
2252 includes real-and-imaginary pairs denoted X3, X2, XI and XO. The data point 
pairs being deitoted are X3 which includes X3R and X3I, X2 which i^^ 
and X2L XI which includes XIR and XII, and XO which includes XOR and XOI. In 
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one anbodimcnt. the dau fetched from conversion RAM bank 2252 is held for two 
successive multiplier clock cycles in holding latches 2612, so that the same value 
gets multiplied in each of two multiply cycles. The coirespoodiflg twiddle fteton 
are fetched on every clock cycle from twiddle £Ktor look«up table 2610. For 
example in one embodiment on even clock cycles the real compooeots for four 
twiddle factors are fetched in parallel denoted WOR. WIR. W2R. and W3R. These 
four real twiddle factors are fed to multipliers 2620 and 2621. 2622 and 2623, 2624 
and 2625, and 2626 and 2627, respectively as shown, and multiplied by the real and 
iniaginary components of all four data value pairs fetched from conversion RAM 
bank 2252. The products of these eight multipUen 2620-2627 are fed through 
routing logic 2634 into all thirty-two adder/subizaetor accumulators 2633 of row. 
column array 2632. On the successive odd multiplier dock cycle, four imaginary 
twiddle factors are then fetched, shown as W0I,W1I.W2I and W3I. As shown, 
imaginary twiddle factor WOI is fed to both multiplier 2620 and multiplier 2621. 
Similariy. imaginaiy twiddle factor Wll is fed to both multiplier 2622 and 
multiplier 2623. Imaginary twiddle factor W2I is fad to multiplier 2624 and 2625 
and imaginary twiddle factor W3I is fed to multiplier 2626 and 2627. For the 
second multiplier dock, these eight multipliers are again fad with die same complex 
point data still held in holding latches 2612 as was used in the first dock multiplier 
cycle. Again after the second clock multiplier, the eight products are fed through 
routing logic 2634 and accumulated in adder/subtractor accumulators 2633. Note 
that each twiddle factor value in twiddle factor lookup table 2610 is a complex 
number having a real and imaginary part (in diis embodiment, die real and 
imaginaiy parts are stored in successive locations which are fetched on successive 
clock cycles, dius presenting 4 real values followed by four imaginary values) and 
each point value in conversion RAM bank 2252 is also a complex number having a 
real part and an imaginary part (in diis embodiment, the real and imaginary parts are 
stored in side-by-side locations which are fetched on only every odier clock cycle, 
dius presenting 4 real values and four imaginaiy values on every odier dock cycle). 
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These elements art configured to perform i ridix-4 butterfly calculation. The 
rBdix<4 butterfly calculations needed to provide a 1024-point FFT or IFFT and the 
selection of addresses and twiddle coefficients for the, e.g., 1024 points used for 
each of the Ave passes needed for a complete 1024^iDt transform are easily 
calculated and are well known in the art (see, for example, chapters 6 & 10 of 
Theory and Application of Digital Signal Processing by Lawrence R. Rabiner and 
Bernard Gold, Prentice-Hall Inc, published in 197S; and page 612 et seq. of 
Discrete-Time Signal Processing by Alan V. Oppenheim tad Ronald W. Schafer, 
Prentice-HaU Inc, published in 1989). Although a ndix*2 transform is also required, 
a separate radix*2 calculator is not required because the radix*2 operation is a subset 
of the radix-4 operation. Only the operands actually needed for the radix*2 
operation are actually loaded. The remainder are set to zero. All arithmetic is 
performed in such a manner that, if an overflow or underflow should occur, then the 
results saturate. Tlus prevents roU-over from contaminating the results. The 
function performed by die dual-radix core 2600 for a ridix-4 butterfly operation 
supporting the forward transform is the following: 

A' ^A^ BW^ + OF* + DW^ 
B' ^A^ JBW^^-CW^ + jDff^ 
C'A-BW'^CW^-Dff^ 

D' - i4 ♦ ysr* - cw^ - jDW^ 

where A, B, C and D are the fDur input points. A*, B', C and D' are the four output 
points, and W^, and are the twiddle coefficients. 

The fimcdon performed in a reverse transform is simply ttie complex 
conjugate of ibt above set of equations. 

A' -^4 +BJF'* + OF" + D>f^ 

B' ^A^ JBW^^ ' CW^ - jDW^ 

C »A- BW^^CW^' Dff^ 
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Note that the twiddle-factor W which is used for etch A on the right side of the 
above equations is one (i.e., the complex number 1 jO). 

The multiplication of two complex numbers, each having a real pan and an 
imaginary pan, for example results in the following equation: 
XO X WO - (XOR + jXOI) « (WOR * j WOI) - 

(XOR« WOR . X01« WOI) * j(XOI«WOR * XORx WOI) - 
XORkWOR jXOI«WOR (e.g., the first multipUer cycle in multipliers 2620*2621) 
-XOI^WOI ^jXOR><WOI (e.g., the first multipUer cycle in multipUers 2620*262 1). 
Thus four multipUer operations are iMded for each complex multiply operation. 

In order to speed the transform fiinction, the fiictors for the parallel 
multipUers are fetched in parallel under the control of control and clocking 
sequencer 2640. Routing logic 2634 routes the products of the multipUers 2620- 
2627 to the tturty-twoadder*subtractor-accimiulaton 2633. In one embodiment, 
eight multipUer cycles, CO through C7, are used to generate four radix-4 butterfly 
operations, resulting in sixteen con4>lex output values. For discussion purposes, 
row<olunm amy 2632 is shown having four rows (A, B, C, and D) and four 
columns (W, X, Y, and Z) of complex value pairs. The real value and the imaginary 
value of each of Aese sixteen con^)lex value pairs has its own asso ci a t ed adder- 
subtractor-accumulasor 2633, for a total of thirty«two adder*subtractor*accumulators 
2633, as shown in Figure 74 and Figure 91 . In one embodiment, scaling-fiactor shift 
logic 2644 (under die control of bit-growth selector 2643) is provided in the path 
between adder-subcractor-accumulaton 2633 and convenion RAM bank 2252. The 
scaling-fiKtor shift logic 2644 provides a right-shift function of 0 bits, 1 bit, 2 bits or 
diree bits (divide by 1 , two, four or eight respectively) on each output data value as 
it is being returned to conversion RAM 22S2. Bit-growth pins 21 17 through 21 18, 
which control the divide function for each of the passes are coupled to bit-growth 
selector 2643 under control of se q uencer 2640. 

Figures 7S*82 are a table 2800 showing the order of calculations for a 
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""normil butterfly sub-opertdon." The diu points in conversion RAM 2252 irt 
amnged within conversion RAM 2252 such that the four input points for one ndix- 
4 operation art each located in different sub*banks if the points arc successively 
addressed (e.g., addresses 0, 1, 2, and 3 art each in different sub*banks, e.g., sub- 
banks 2290, 2291, 2292, and 2293 respectively), but points whose addresses differ 
by a factor of 4 art located in the same bank (e.g., addresses 0, 4, 8, and 12 are all 
within bank 2290, as are addresses 0, 16, 32, and 48, addresses 0, 64, 128, and 192. 
and addresses 0, 256, 512, and 768). The butterfly passes this second set of 
points (those whose addresses-inod-4 are equal) are handled by the equations shown 
in the table of Figures 75-82. Figure 75 shows the operations at each of the thirty- 
two adder-subtractor-accumulators 2633 at a multiplier clock cycle command 
denoted CO. For example, at CO, the adder-subtractor-accumulator 2633 for the real 
portion of the AW point in row-colunu array 2632 (called the AWR accumulator) 
gets loaded with the output (called WR) of multiplier 2620, and the adder- 
subtractor-accumulator 2633 for the imaginary portion of the DZ point in row- 
column array 2632 (called the DZI accumulator) gets loaded with the output (called 
ZI) of multiplier 2627. By performing load operations at clock CO, the previous 
values of the accumulators do not need to be zeroed. As shown in Figure 91, 
multipUers 2620, 2621, 2622, 2623, 2624, 2625, 2626 and 2627 produce products 
called WR, Wl XR, XI YK YI. ZR and ZI, respectively, however the -R and 
designations of these products are not strictly correlated to real and imaginary 
numben Figure 91 also shows ttie row and column locations for the thirty-two 
adder*subtractor-aocumulators 2633, wiA AWR shown in upper-left comer and 
DZI in the lower right comer. 

Figure 76 shows the operations at each of the thirty-two adder-subtractor- 
accumulators 2633 at a multiplier clock cycle coounand denoted CI. For exanq>le, 
at CI . the adder-subtractor-accumulator 2633 for the real portion of the AW point in 
row-column array 2632 (called the AWR accumulator) gets loaded with the 
difference of subtracting from its previous value (called AWR, this value happens to 
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be the WR value loaded in cycle CO) tbt output (called WI) of multiplier 262 1 , and 
the adder*subtnctor-accumuUtor 2633 for the imaginary portiOD of the OZI point in 
row-column array 2632 (called the DZI accumulator) gets loaded with the sum of its 
previous value (called DZI, this value happens to be the ZI value loaded in cycle 
CO) and output (called ZR) of multiplier 2626. 

Similarly, Figures 77 through 82 show the opentions which take place at 
multiplier clocks C2 through C7, respectively. 

Since each complexnnultiply operation takes a total of four multiplier 
operations, and two multiplien (e.g., the pair 2620 and 2621) are uaed, two 
multiplier cycles are needed for each complex-multiply opeiatioa. In a 1024*point 
transform (i.e., either tn FFT or an DTT), four of the five passes involve sets of four 
points wherein all four points are in a single sub-bank (e.g.. 2290). and therefore 
must be fetched on four successive even-clocks. Each of these four passes takes 
eight clocks, called CO through C7. These four passes are each called ^'normal 
butterfly." Table 2800 shows the order of calculation for all of die suboperations for 
one embodiment of a normal butterfly (calculating four radix-4 butterfly operations 
in ei^ multiplier clock cycles), where each of the four points for one ridix-4 
butterfly are in the same sub-bank (e.g., either sub-bank 2290 or 229 1 or 2292 or 
2293). 

Figures 83-90 are a table 2810 showing the order of calculations for a 
"transposed butterfly sub-operation.*' The transposed butterfly sub-operation is 
used for one pass ofeach transform performed. The data points in conversion RAM 
2252 are arranged within conversion RAM 22S2 such that the four input pou^ 
one radix«4 operation are each located in di£ferent sub-banks if ttie points are 
successively addressed (e.g., addresses 0, l,2,and3 areeachindiflferentsub^anks, 
e.g., sub-banks 2290. 2291, 2292, and 2293 respectively), llic transposed butterfly 
passes for this one set of points (those whose addresses-mod-4 are equal) are 
handled by the equations shown in the table of Figures 83-90. Figure 83 shows the 
operations at each of the thirty-two adder-subtractor-aocumulators 2633 at a 
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multiplier clock cycle command denoted CO (note that only eight adder*$ubtnctor- 
accumulttors 2633 are affected, the other twenty-four do nothing). For example, at 
CO, the adder subtnctor-accumulator 2633 for the real portion of the AW point in 
row-column amy 2632 (called the AWR accumulator) gets loaded with the result of 
a four-way addition of the outputs (called WR ^ XR YR ^ ZR, these are the real- 
times-real portions) of multiplien 2620. 2622, 2624 and 2626, and the adder- 
subtraaor-accumuiator 2633 for the imaginary portion of the AZ point in row* 
column array 2632 (called the AZI accumulator) gets loaded with the sum/difference 
of outputs (called WI - XR - YI ^ ZR) of multipUers 2621, 262Z 262S, and 2626. 
respectively. By performing load operations ai clock CO with no accumulation of 
the prior value (e.g., in AWR), the previous values of the accumulaton do not need 
to be zeroed. Note that, since all four points for a single butterfly operation can be 
fetched simultaneously from conversion RAM 22S2, and the results of the 
respective multiply operations must all be combined as they are formed, five-way 
mixed add/subtract operations are provided for by each adder-subtractor- 
accumulator2633. 

Figure 84 shows the operations at each of the tfairty*two adder-subtractor- 
accumulaton 2633 at a multiplier clock cycle command denoted CI. For example, 
at CI, the adder-subtractor-accumulator 2633 for the real portion of tibe AW point in 
row-column amy 2632 (called the AWR accumulator) gets loaded with the result of 
a five-way subtiacdon/addition of the outputs (called AWR • (WI ^ XI YI ^ ZI), 
these are the ifwrtw y-HmgNu ifrmginjif y portions) of multipliers 2621, 2623, 262S 
and 2627 and the prior contents of AWR. The adder-subtiactor-accumulator 2633 
for imaginary portion of tfie AZ point in row<olumn array 2632 (called the AZI 
accumulator) gets loaded with the sum/difference of outputs (called AZI <KWR XI 
- YR - ZI)) of muldpliers 2620, 2623, 2624. and 2627, respectively. 

Similarly, Figures 85 through 90 show the four-way and five-way operations 
which take place at multiplier clocks C2 through C7, respectively. Table 2810 
shows the order of calculation for one embodiment of a transposed butterfly 
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(calculating four ndix-4 buaerfly opcTBtions in eight multiplier clock cycles), where 
ft ch of the four points for one ndix*4 butterfly ire each in different sub-4>anks (e.g., 
one point in sub-4>ank 2290, one point in 2291, one point in 2292, and one point in 

2293). 

Twiddle^FftCtor T^knp Table 26 10 

In one embodiment, the twiddle*factor lookup table 2610 (also called a sine- 
cosine ROM lookup table) comprises 512 fifteen*bit words, wherein four words can 
be fetched in parallel. Each con^)lex twiddle £ictor value pair is fetched 
sequentially, wherein the first 1 5-bit word representt the real part of the twiddle 
factor value pair and the second 15*bit word represents the imaginary part, and four 
values are fetched simultaneously (i.e., four real values, having 60 bits total, are 
fetched on an even clock - e.g., clocks CO, C2, C4 or C6 - and four imaginary 
values art fetched on the following odd clock - e.g., clocks CI, C3, CS or C7). In 
another embodiment, the twiddle fivtor lookup table 2610 coo^rises of 256 thirty- 
bit words. The upper 15 bitt represent the real part of the twiddle fiictor whereas the 
lower 15 bits represent the imaginary part Although 1024 coa4)lex-value pairs are 
required in order to produce a 1 024*point FFT or IFFT, the values are not unique, 
and the number of twiddle fiictors was reduced by a fiictor of four by making use of 
the simple trigonometric identities in mapping 360 degrees of twiddle fiKtors to a 
90-degree lookup table. In one embodiment, the twiddle-fibctor loobq> table was 
designed to minimize DC otba caused by integer-based twiddle Actors. 

Figure 92 shows a more<detailed block diagram of an adder-subtractor- 
accumulates 2633. In one embodiment, multipliers 2620 through 2627 are each a 
16-btt-by-16-bit multiplier. In one embodiment, only the upper-order 16 bits of the 
resultant product are passed by KfUX 2834. (In one embodiment, MUX 2834 is part 
of router logic 2634.) Adder-subtractor 2833 performs a five-way 
addition/subtraction as defined in Figures 83-90 and title two-way 
addition/subtraction as defined in Figures 75-82, under the control of sequencer 
2640. In one embodiment, accumulator 2835 mnim""^ enough bits above the 
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binary point to accomodate overflow bits and to provide an indication of overflow 
which does not get lost as further addition/subtnctions are performed on the 
accumulating data (in other embodimenu, one, two, or three such bits art 
maintained). 

Input Mid Qutnut Timing 

Below is the detailed timing for one embodiment of the input and output 
RAMs. 



Table 7: Read Cycle for outpat RAM bank 22S3 
NOTE: The RAM clocks for the input and output banks art limited to 10^4 MHz. 



Symbol 


Parameters 


Condition 


Nom 


Tec 


Clock Cycle Tune Pulse 
Width 


Minimum 


20 ns 


Tchpw 


Minimum Positive CK 
Pulse Width 


Minimum 


6ns 


Tclpw 


Minimum Negative CK 
Pulse Width 


Minimum 


6ns 


Tavch 


Address valid to CK high 


Minimum 


4 ns 


Tchax 


CK high to address change 


Minimum 


1.0 ns 


Tcbdox 


CK hi^ to Data Output 
change 


Minimum 


2ns 


Ted 


CK high to data valid 


Maximum 


ISns 


Toe 


Otxtput Enable time 


Minimum 


0ns 


Tot 


Output Disable time 


Maximum 


7ns 
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Table 8: Write Cycle for iapot RAM bank 22S1 
NOTE: The RAM clocks for the input and output banks are limited to 10.24 MHr 



Symbol 


Panmeters 


Condition 


Nora 


Tec 


Clock Cycle time 


Minimum 


20 ns 


Tchpw 


Minimum positive CK 
pulse width 


Minimum 


6 ns 


Tclpw 


Minimum negative CK 
pulse width 


Minimum 


6 ns 


Tavch 


Address vaUd to CK low 


Minimum 


4ns 


Tchax 


CK low to address change 


Minimum 


Ins 


Twch 


-WE low to CK low 


Minimum 


4ns 


Tchw 


CK low to -WE high 


Minimum 


Ins 


Tdivch 


Data Ii^Hxt valid to CK low 


Minimum 


4ns 


Tchdix 


CK low to Dau input 
change 


Minimum 


Ins 


Tchdov 


CK low to Dau Output 
valid 


Maximum 


ISns 


Tchdox 


CK low to Data Output 
change 


Minimum 


2ns 



PiH^kmye far ASTC 2101 

Package Dimensioos and Pinout for one embodiment: 

The ASIC 2101 geaentes 5V TTL output levels and accepts 5V CMOS or 5V 
TTL input levels. 

TTL Ii^ut Leveb are defined as follows: 
VIL max - 0.8 Volts 
VIHmin- 2.0 Volts 
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CMOS Input Levels are defined as follows: 

VIL max - 0 J'VDD (0.9V < VIL < 1.1 V over 4.5V to 5.5V VDD range) 

vm min - 0.7»VDD (3.15V < VIH < 3.85V over 4.5V to 5.5V VDD range) 
TTL Output Levels: 

VOL max - 0.4Volts 

VOHmin-2.4Volts 

Functional Tests 

Testing is broken down into a functional segment to verify device 
functionality and a scan segment to test for &ults in the physical silicoiL In one 
embodiment, the vectors are included in a test bench compatible with LSI Logic's 
tools. The functions to be tested in the device are listed below. 

a. FFT/IFFT Operation • Vectors are provided which are 
characteristic of the expected use in die system. The frequency 
domiain vectors are passed dirough an inverse transform (with 
appropriate bit scaling) and the results stored. The vectors are 
then passed through a forward transform (with appropriate 
scaling)* and this final result analyzed. These tests are 
p erformed for the 1024-, 512*. and 256i)oint transforms. There 
are 10 frames of data for each test The test bench includes 
1024 vectors for the 1024^int transform, 5120 for the 512* 
point transform, and 2560 for die 256-point transform. There 
are twice this number of vectors passed through the device to 
complete the test The total number oftestvecton for this test 
segment are about 36000. 

b. FFT/IFFT Verification • A single sinusoid is passed tiirough the 
128% 64-, and 32*point transforms. Both forward and reverse 
directions are tested. 

c. Bit Growth Tests. Eachbit-growdipin(2117-2118) is 
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exercised for the 1024* and S12-point truufonn in the forwird 
and reverse direction. 

d. ' Power Down Tests * The device is pliiced in the middle of a 

transfonxu then powered down. The outputs are evaluated for 
correct state. The device is then asked to perform a forward and 
reverse transform to validate that the device can function after 
the reset 

e. Overflow Tests * An overflow condition is induced, and the 
device evaluated for correct response (e.g. the overflow pin is 
actuated and the event does not cause an adder to wrap around). 
Tbe test includes an overflow in the positive and negative 
directioiL 

f Reset - The device is placed into the middle of a transform 

operation, then reset The outputs are evaluated for correct 
state. The device is then asked to perform a forward and 
reverse transform to validate that the device can function after 
the reset 

Figure 93 is a high-level block diagram of one embodiment of modem 
receiver 2402 as shown in Figure 71. Tbe analog received signal*in is first 
processed by b«ndpass-and-down<onvert block 27S0. In one embodiment, the 
analog received signal*in is either 425 to 600 MHz or SSO to 770 MHz, and is 
converted by bndpass-aad^down-convert block 27S0 to a signal which is 100 kHz 
on boft sides ofa 18.432 MHz center frequency. In one embodiment, the nming 
stepsi2ei899MHz. In one embodiment, analog-to-digital decimator system 
(ADDS) 28S0 On one embodiment this is a Sigma-Delta decimator system ±Bt uses 
a Sigma-Delta analog-to^iigital converter 2840) converts this band-limited signal 
into /<*^ inT*H I and Q quadrature signals, each IS bits wide, which have a symbol 
rate of 288 K symbols per second (denoted 288 KBS), which are then processed by 
FFTblock2849, In one embodiment, FFT block 2849 is equivalent to FFT system 
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2100 of Figure 70. The outputs of FFT block 2849 vt then processed by post- 
processing block 2990 into digital dau out 

Figure' 94 is a more detailed block diagnm of modem receiver 2402. 
Analog received signal in is fed to band-pass filter (BPF) 2740 which limits the 
input signal to either 42S to 600 MHz or SSO to 770 MHz. The signal is then 
amplified by variable-gain amplifier 274 1 . and mixed by mixer 2742 with a 
demodulator signal of either 627-802 MHz or 7S2-973 MHz generated by signal 
generator 2747 as controlled by phase-locked«loop block 2746. The mixer 2742 
produces a difference-frequency signal centered it 202.752 MHz which is filtered by 
BPF 2743. The resultant signal is again amplified, this time by variable-gain 
amplifier 2744. and then mixed by mixer 2745 with a demodulator signal of either 
22 1 . 1 84 MHz generated by signal generator 2749 as controlled by phase-locked- 
loop block 2748. The resultam signal is an analog signal centered at 18.432 MHz 
and having a 200 kHz baadwidtL 

The tesultast 1 8.432 MHz analog signal is then passed to an analog-to-digital 
decimator which, in this embodiment, is denoted as the compooeats encireled by the 
dotted line referenced as Sigma-Deltt decimator system (SDDS) 2850". The exact 
mix of components which are included in SDDS 2850 can vary from embodiment to 
embodiment (ix^ v«dwre the dotted line for SDDS 2850* is drawn may vary). 

In Figure 94, the 18.432 MHz analog signal is passed through BPF 2839 
which is centered it 18.432 MHz. Ute 221.183 MHz signal is divided by divider 
network 2838 to produce a 73.728 MHz signal which drives Sigma-Delta converter 
2840. and two 18.432 MHz signals (one of which is 90 degrees shifted from the 
other) which drive digital I/Q detector 284 1 . Sigma-Delta convener 2840 is any 
conventional Sigma-Delta converter, such as described in An overview o/Sigma- 
Delta Converters, by Pervez M. Aziz et al.. Vol 13. No. 1. IEEE Signal Processing 
Magazine. January 1996, which is hereby incorporated by reference. Sigma Delu 
converter 2840 achieves high resolution by oversampling the input signal at a 
frequency much above the Nyquist frequency, and by providing a negative feedback 
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path which uses an analog representation, yjn] of the quantized output signal y[n]. 
Figure 95 shows one such Sigma Delta converter 2840, having difiference block 
2860 that forms u[n] which is input x[n] minus feedback yJn]. Signal u(n] then is 
processed by discrete*time integrator 2863 and quantizer 2864, which is simply a 
comparator. By providing a sampling frequency which is high enough, the Sigma* 
Delta converter 2840 allows the use of a 1 -bit quantizer to achieve high overall 
resolution. 

Referring back to Figure 94, the 73.728 MHz quantized output of Sigma* 
Delta converter 2840 is coupled to digital I/Q block 2841. In one embodiment, 
digital I/O block 2841 is simply two 2«input AND-gates; one input of both AND 
gates is coimected to the 73.728 MHz quantized output of Sigma-Delta converter 
2840, the other ij^nn of the first and the second AMD-gate is coupled to the 0* and 
the 90* 18.432 MHz outputs of divider 2838. The ouqputs of digital I/Q detector 
2841 are thus two serial streams, that represent I and Q quadrature signals 
respectively. The serial I and Q signals are then fed to coarse decimator and MUX 
2842, which converts the two serial streams into a single N-bit*wide time- 
multiplexed I/Q parallel stream. In one embodiment, this time-multiplexed I/Q 
paraUel stream is 10 bits wide. This tinte-multiplexed I/Q parallel stream is clocked 
at 2.304 MHz, and provides 10 bits of I followed by 10 bits of Q, thus having 1.152 
million samples of I interleaved in time with 1.1S2 million samples of Q. Tliis time- 
multiplexed I/Q parallel stream is then fed to I/Q demux 2843 which de-multiplexes 
the time-multiplexfid I/Q parallel stream into separate I and Q streams clocked at 
l.lS2MHzeKh,aDdeachl0bitswide. These separate I and Q streams are then 
procesaed by three digital-processing blocks: DC<ofiEM adjust block 2844 that 
digitally adjusts for DC (direct current) balance, DS^ain adjust block 2845 that 
digitally adjusts the ^^Hm'^*^ signal gain, and DS.mix block 2846 that digitally 
adjusts the phase. 

The Sigma Delu decimator system (SDDS) 2850 is a N-bit A-to-D converter 
which generates a one-bit serial data stream having resolution and accuracy of N bits 
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(in ooe embodiment, lS*bit resoiution is obtained; in another embodiment, the A/D 
has a 10-bit resolution with 9-bit linearity). SDDS 28S0 is running on the clock 
generator 2749 divided to 73.728 MHz which oversamples the SDDS input signal in 
order that it only passes dau at the 18.432 MHz ± 100 kHz, approximately. The 
following circuits 2841 • 2847 then take that 200 kHz of frequency that Sigma-Delta 
converter 2840 passes and shifts it down a base band, so basically it goes from 0 Hz 
to 200 kHz. This a relatively slow signal and then SDDS 28S0 turns that into 10*bit 
parallel words. The Sigma-Deltt converter 2840 is outputdng a serial I bit stream, 
which is ANDed with two 18.432 MHz square waves to produce serial digital 1 and 
Q that are two 18.432 MHz gated square waves. 

In one embodiment, the entire SDDS 2850 is integrated on a single VLSI chip 
using 0.8 micron BiCMOS 4S^ technology ftbricated by IBM Corporation, with the 
analog circuits operating from a S volt siqyply voltage and the digital circuits 
operating from a 3.3 volt si^>ply voltage. This single<hip implementation 
fiacilitates bit growth from stage-to-stage in order to prevent or reduce truncation or 
round-oflferrm. Thus lO-bit I and Q signals at the output of I/Q demux block 2843 
are allowed, in one embodiment, to grow to 2S-bits at the output of DS_mix block 
2846 through the digital processing of DC-ofibet adjust block 2844, DSjgain adjust 
block 284S, and DS.mix block 2846. For example, the N bits each of the I and Q 
data streams at the output of I/Q demux block 2843 grow a little to bits after the 
digital processing of DC-oflEset adjust block 2844, bits after DS.gain adjust 
block 284S, and N*^ Uts after DS.mix block 2846. Decimaton 2847 and 2847 
select one out of eveiy four values from the I and Q data streams, respectively, thus 
producing a 288 kHz rate of 25 bits each for the I and Q streams. These then pass 
through scaling blocks 2848 and 2848' which scale each data stream to 15 bits, 
which are denoted T and Q* and are coupled to 15-btt FFT 2849. 

One consideration with the large number of signab on such a single<hip 
implementation is to *nitiimtyj> the number of different clock signals. In the 
embodiments described for Figure 94, for example, this is accomplished by ruiming 
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a Urge number of blocks from i single dock, even though some of those blocks 
might be able to run off t diflferent tod slower dock. 
Ovgrvigw of Dta.Dc1ivgfv Arehitecnire 

Referring now to Figures 96 and 97, there is shown the overall 
architecture of a data delivery system 500 according to another embodiment of the 
invention. The dau delivery system SOO provides hi^ ^eed data access to the 
home SIO or oflBce S12 (alternately referred to above in Figure 1 as remote units 46) 
over the HFC distribution network 1 1 using the infiistiucture of the naodem-based 
telephony transport system 10 described hereinabove. Figure 97 iUustntes the 
integration of the data delivery elements in the HDT 12. The system allows users to 
have access to local content 520 and the Intenwt 530 through services available at 
the cable providers* ptmises or head end 32. 

Among other things, system 500 provida: (1) user data access 
to the Internet 530 and local content on a head-end server 520 duou^ the above* 
described access platform; (2) support for TCP/IP and tran^wcot bridging at the 
data link layer using a Dynamically Adaptive Trmspon Switching (DATS) 
methodology (described bdow); (3) guaranteed, reliable symmetrical data service at 
tractsfer rites from 64 Kbps to 5 12 Kbps, in increments of 64 Kbps, fo^ 
geographically dispersed individuals; (4) guaranteed, reliable, symmetric shared 
access to a 8.192 Mbps data pipe for geographically limited gnn^ of users 
connected in a routed configuration; (5) mixing of data and telefriiony within a 
single HDT 12; (6) networic management for telephony, video, and data through 
integrated CMISE and SNMP; (7) routed service through a head-end server and (8) 
use of HISU and MISU RF nK)dem technology for transport 

Referring now to Figures 98*100, the Cable Data Modem 
(CDKf) 535 for the system 500 preferably can take three forms: a stand-alone box 
called the Personal Cable Data Modem (PCDM) 540. a HISU add-in card caUed the 
Data Modem Service Module (DMSM) 550, or a MISU add-in card called the Data 
Modem Channel Unit (DMClf) 560. The stand-done PCDM 540 has severd 
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connector options; including standard F style cotx cable, lObascT Ethernet 542, and 
RS232 S44. The DMSM add-in card preferably resides in an expansion slot on 
HISU 68 enclosure and will terminate a customer's computer with a lOBaseT 
Ethernet connection. The DMCU 560 add-in card will reside in a line<ard slot of 
the MISU and will provide a 1 OBaseT Ethernet routed connection to four users. 
Customers without an integrated Ethernet port can add one to their system at 
minimal cost 

The system 500 provides connection to bead end 32 services via 
the DATS methodology. The DATS methodology intelligently allocates bandwidth 
in the system to maximize both transport bandwidth and number of users while 
providing guaranteed bandwidth. Under TR303A/^5 switching environments a 
central resource within the HDT 12 (described below) provides the intelligence to 
allocate bandwidth and efBciently manage transport load. This capability is 
implemented at the customer end by initiating a connection to the bead end 32 when 
data is available to send. When tbe session is initiated, the head end 32 equipment 
determines the amount of bandwidth to be allocated to subscriber as configured 
during pre-|ffovisioning. The connection is maintained as needed and dropped when 
transmission is complete. During the time that the connection is maintained, 
bandwidth is guaranteed, providing the efiBciency of packet switching and the 
guaranteed bandwidth of connection switching. All processing is performed 
through standard TR303/V5 call processing and therefore integrates completely with 
telephony provided over system 500. Tbe architecnirc of the system 500 provides 
guaranteed bandwidth and latency to all supported users. As indicated in Figure 
lOU 19 to 24 concurrent usen can be supported at 512 Kbps within a single 6 Mhz 
transport channel. 

Using the DATS methodology, bandwidth is dynamicaUy 
allocated to support a maximum of 240 usen per 6 Mhz channel (e.g., see Figure 
13)at64Kbps. Each user on the system is guaranteed die allocated bandwidth for 
the duration of the session. As such, the bandwidth and latency seen by the user 
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remains constant, independent of the traffic load, application type, or number of 
users. Assuming even distribution across all applications, the average frame size 
carried downstream is 378 bytes, while the average upstream frame size is 69 bytes, 

The downstream latetKy from the HDT 12 is dominated by 
filling a S12 K data pipe, all other latencies in the system are insignificant 
Therefore on average the latency to transfer a TCP/IP frame from the HDT to the 
customer is S.9 msecs. With Forward Error Correction (FEQ disabled, the average 
latency in the upstream direction, from the customer end to the HDT is also 
dominated by filling a 512 K data pipe. Therefore, on average the latency to transfer 
a TCP/IP frame from the HDT to the customer is 1.0 msecs. Adding FEC will add 
up to 7 msecs to the upstream latency. 

Date TraMpOTt nnA Ffummy 

The system 500 provides transparent bridging and data 
tran^oit A schematic representation of the data transport and framing is shown in 
Figure 102. Upstream data traffic begins at the customer end equipment 51 1 where 
frames are put out on the Ethernet link 542. The CDM 535 buffers tfie frames and 
encapsulates them with HDLC framing 570. The HDLC frame 570 is then sent out 
over coax by a modem 1 0 1 as one or more of the possible 240 pay loads on the 
coax, llie frame, along with other dau and telephony streaxns is converted at the 
ODN 18 and sent to the head end 32 over optical fiber. At the head end, the CXMU 
56 d ft nfrdnl r^t and sends ttte stream to the CTSU 54, where it is routed to the 
appropriate LANU 580 as part ofa MARIO data stream. Tlie LANU 580 buffers 
the complete frame, stripping the HDLC framing prior to putting frame on the 
local Ethernet All roudng for the Internet is performed by tfw head-end server 590. 
The routing services could also be incorportted in LANU 580. 

In the case of downstream traffic, the head-end server 590 puts 
Ethernet packets on die LAN. One to potentially seven LANUs 580 examine the 
Ethernet address and selectively pick up packets destined for the customer-end 
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machines. Once the Ethernet packet has been accepted, the packet is framed in 
HDLC and sent, via a MARIO stream, to the CTSU 54 according to the routing 
established when the call was initially provisioned (explained further below). The 
CTSU 54 forwards the stream to the CXMU 56 where it is sent over the HFC 
distribution network 1 1 to the customer premises equipment 511. At the COM 53 S, 
all packets received are passed on to the local Ethernet connection 542. In the case 
of a broadcast message, the LANU S80 at the head end will replicate the packet 
across all attached connections. This allows the bridge to support protocols such as 
ARP. 

The system 500 will utilize the telephony error correction 
mechanism described above with respect to system 10. Under the telephony error 
correction scheme, forward error correction codes are generated for upstream traffic 
but not for downstream traffic. Forward error correction on upstream is generated at 
the ISU 100 (HSU 6S or MISU 66) and consumes the lOth bit of each DSO, thereby 
protecting each DSO separately. The error correction can be disabled, but this is not 
recommended for dau transport 

The error detection/correction processing occurs on the CXMU 
56 and data is delivered corrected to LANUs 580, DSlUs 48, in MARIO streams. 
Therefore, the system 500 dau architecnire does not explicitly have to deal with 
error correction. The CRC of the HDLC frames provide for a level of error 
detection above die enor detection/correction of the CXMU 56. Errors detected in 
the IJ^ 580 wiU be reported through the SNMP agent of die LANU 580. 

Cofnpongtit Pggiyn 

The data delivery hardware for the head end 32 equipment 
consists ofthe LANU 580 which inter&ces with the HDT 12. TbeLANU580 
includes a board responsible for all data transport to and from the head-end server 
LAN 591. In that function, the LANU 580 operates as a point*to-multipoint 
connection that is responsible for concentrating t^) to 128 DSOs onto a single 
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Ethernet conneCtioiL The LANU 580 has the following features: 

( 1 ) It sits in a DS 1 U 48 slot and is fonn/fit compatible with the 
HDT 12 backplane. 

(2) It provides 1 OBaseT Ethernet connection to head-end LAN . 

(3) It suppons multiple LANUs S80 on a single LAN through a 
1 OBaseT connection or fSut Ethernet through hub. 

(4) It concentrates to 1 28 DSOs into a single Ethernet 
Connection. 

(5) It supports time slot assignmem and super-channel aggregation 
across four MARIO dau streams independent of the CTSU 54. 

(6) It supports Dual HDT 1 2 LAN pons. 

(7) It mnintnint on*board FLASH for storage of operational code 
image. 

(8) It su^Mits Nx64 service for super<hanneis up to 5 1 2 Kbps. 

(9) It guarantees time ordering of multi<hannel calls independent 
of transport system. 

(10) It provides transparent bridging and broadcast of Ethernet 
frames between head-end LAN 591 and CDM 535. 

(1 1) It self-<iiscovers Medium Access Control (MAQ addresses of 
CDM 535 and filters Ethernet frames witti on-board CAM. 

A high-level block diagram of ^ LANU 580 is shown in 
Figure 103. The LANU 580 ^ferably en^loys a single processor, unified memory 
H^wgft la this embodiment, the main processor on the LANU 580 is the Motorola 
MC68MH360 QUICC32 (581), running at 33 Mhz, which can deUver 
approximately 5 MIPS. The QUICC32 is actually a dual processor embedded 
controller that also contains a dedicated independent RISC processor 
communications called the CPM. The CPM along with Direct Memory Access 
(DMA) can access memory and move communication traffic without placing any 
performance burden on the main processor. In addition to acting as the host 
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processor, the QUICC32 cm also act is i slave. The LANU 580 implementatioo is 
preferably based on 4 QUICC32s with one acting as master and the remaining three 
operating in slave mode. The combination of the four QUICC32s provide the 
majority of the system peripherals. 

There are several types of memory 582 on the LANU 580. The 
first and largest is 8 MBytes of page«mode DRAM for the storage of LANU 
operational code. In addition to operational code, the DRAM also holds the routing 
tables, data buffers, and buffer descriptors needed to process data trafBc. Second, 
the LANU contains 2 MBytes of FLASH memory to store an image of its 
operational code. On power-up, the image is loaded into DRAM. Finally, the 
LANU also contains 128 Kbytes of EPROM to hold boot code. The boot code will 
load the contents of the FLASH into DRAM on power*up. If greater performance is 
desired, &5t SRAM can be added to hold the dau buffers and buffer descriptors for 
the data traffic. 

Tliere are two sets of system peripherals on the LANU: those 
thatarecontaioed within the QU1CC32S and those that axe not Regardlessof 
location, peripbenl control on the LANU 580 is managed by the System Integration 
Module (software) (SIM) of the tnaster QUICC32. The SIM is responsible for 
managing generation of Chip Select (CS) and other control lines. 

The most important of the system peripherals are the QMC 
HDLC controUcn 586 located in the QUICC32S, The QMC of the QUICC32 can 
implement up to 32 HDLC controllers running at 64 Kbps and are used to process 
the data traffic in the MARIO Streams from the CTSU 54. The QMC:s 586 can also 
support super r^hmnf^Xn by aggregating multiple 64 Kbit channeb into higher data 
rate channels. The QMC 586 is implemented in the CPM of each QUICC32 and 
with the addition of SDMA can autonomously move commnnications data to and 
from main memory 582. Operation of the QMC 586 is controlled by the master 
processor 581 through the use of buffer descriptors that reside in external memory 
582. 
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In addition to the QMC S86, three additioail HDLC controllers 
S87 art used to provide two 2 Mbps HDT backplaoe LAN ports and 1 10 Mbit 
Ethernet port As with the QMC S86. the master processor 581 Qootrols the HDLCs 
through the use of buffer descriptors, but unlike the QMC, these dau str\ictures 
reside in dual ported RAM (DPR) that arc internal to the QLJlCC32s. 

There are two additional system peripherals that reside outside 
of the master and salve QUICC32s. The first is the Rate Adaptation/Ninth Bit 
SignalingH'imc Slot Assigncr logic block (RA/NBS/TSA) 588. The RA/NBS>TS A 
588, as its name suggests has three functions. The rate adaptation function is 
responsible for converting the 2.56 Mbps, 9 bit dau format of the input MARIOs to 
the 2.048 Mbps, 8 bit dau format of the QMC 586 in both the receive and transmit 
directions. In both directions the RA is also responsible for managing any 
information that may be placed in the 9th bit 

The NBS is responsible for tnnsmitting and receiving the data 
that is carried with each DSO in the ninth bit The ninth bit is used for two distinct 
functions. In the upstream direction the ninth bit carries information regarding the 
ordering ofdata within a multi-channel call. The signaling consists of a repeating 
number that indicates which time position the DSO occupies in the multi-channel 
call. The format of the upstream ninth bit signaling is shown in Table 9. 



Table 9: Upstrtam Ntoth Bit SigBiUng 



Bit 


Cootcflti 


Description 


1 


-1" 


SyocPitiera 


2 


-r 


Sync Pattern 


3 


-r 


Sync Pattern 


4 


T 


SyncPanem 


5 


"0" 


Sync Pattern 


6 


-0" 


SyncPanem 


7 


D(8) 


Order Number, Bit 8 [MSB] 


8 


D[8]' 


Inv. Order Number. Bit 8 [MSB] 


9 


D[7] 


Older Number. Bit 7 


10 


Dm' 


Inv. Order Number. Bit 7 


11 


D[6] 


Order Number. Bit 6 


12 


D(6]- 


Inv. Order Number. Bit 6 


13 


D[51 


Order Number. Bits 


14 


DI5J* 


Inv. Order Number. Bit S 


IS 


Dt4] 


Order Number, Bit 4 


16 


Dt4r 


Inv. Order Number. Bit 4 


17 


D(3] 


Order Number. Bit 3 


18 


DP)' 


Inv. Order Number, Bit 3 


19 


DP] 


Order Number, Bit 2 


20 


DPI* 


Inv. Order Number. Bit 2 


21 


Dcn 


Order Number, Bit 1 


22 


D[ll* 


Inv. Order Number, Bit 1 


23 


-0" 


Sync Pattern 


24 


-0" 


Sync Pattern 



The Qumben can noge from 1 to 128 with a 0 indicating that the DSO has not been 
assigned a position. During a call, the processor S81 will monitor tiie ninth bit 
signals from all the channels and once the order has been established* the processor 
will configure the TSA function to order the channels. Once the order has been 
established, the processor will periodically monitor the ninth bit signaling to detect 
any changes in ordering (i.e., frequency hoping due to excessive eirora). 

In the downstream direction, the NBS is used to enable data 
transmission. Once the LANU 580 receives the ordering infomation for the 
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chinneU, the processor will enable transmission by sending a data pattern over the 
downstream ninth bit of the first DSO of a multi-cbanDel call. The format for the 
""Data Dial Tone*" signaling is shown in Table 10. 

Table 10: ^'Data Dial Tone** Dowutrtan NiDth Bit Signaliag 



5 


Bit 


Contentt 


DescriptioB 




1 


T 


Sync Pattern 




2 


M 1 


Sync Pattern 




3 




Sync Pattern 




4 


T 


Sync Pattern 


10 


5 




Sync Patten 




6 




Sync Pattern 




7 


CMD(15] 


Command Bit IS, MSB 




8 


CMD(14) 


Command Bit 14 




9 


CMD[13] 


Command Bit 13 


15 


10 


CMD[I2] 


Command Bit 12 




11 


CMD[n] 


Command Bit 1 1 




12 


CMD[10] 


Command Bit 10 




13 


CMD[91 


Command Bit 9 




14 


CMD[8] 


CoflunaiKi Bit 8 


20 


15 


CMD[7] 


Command Bit 7 




16 


CMD[6] 


Command Bit 6 




17 


CMD[5] 


Command Bit S 




18 


CMD(4] 


Command Bit 4 




19 


CMDPl 


Command Bit 3 


25 


20 


CMD(21 


Command Bit 2 




21 


CMD(1] 


Command Bit 1 




22 


CMD[0] 


Command Bit 0, LSB 




23 




Sync Pattern 




24 


-0" 


Sync Pattern 



30 

Two commaods are defined. The first is "Idle Sync" (bit pmem for CMD[15:0] is 
0000 0000 0000 0000) is seiit durixig idle tiines to syxicbroDize the receiven. All 
idle sent from the LANU 580 wiU be syiKhromzed themselves to siIX^>lify the 

reception of order information in the upstream ninth bit signaling. Tiic second 
35 command is "Data Dial Tone" (bit pattern for CMD[15:01 is 1000 0000 0000 0000) 
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and is sent oocc the order of the super<hinnel his been established. This command 
will instruct the CDMs to enable transmission. 

' The TSA is responsible for ordering and aggregating channels 
that are sent to the QMCs S86. Although TSA has the ability to aggregate up to 1 28 
chanrtels into a single dau stream, most applications will aggregate multiple super* 
channels, up to 8 DSOs per super<hannel. among four DSl-like channels feeding 
the four onboard HDLC controllers. For 1 to 32 DSO datt streams, the DSOs are 
aggregated and sent to the QMC S86 as a 2.048 Mbps aerial stream. Within a single 
DSl-like stream, multiple super<hannels can be si^ported by connecting to a single 
QUICC32 QMC 586. The TSA can also aggregate 128 DSOs into a single 8.192 
Mbps data stream and connect it to a QU1CC32 HDLC controller. In both cases the 
TSA is configured to insure that the time ordering of the data is maintained. 

The final peripheral that does not reside in a QUICC32 is the 
Contents Addressable Memory (CAM) 589. The CAM performs memory acc es s es 
based upon dau rather than address and is used to quickly determine whether an 
Ethernet frame should be accepted. The Ethernet controller 587a interf^es to the 
CAM 589 throu^ glue logic and the reject inpuL When a frame is received that is 
not in the CAM, the CAM logic asserts the reject control line and the received 
portion of the frame is discarded The buffer depth of the Ethernet controller is set 
so that no memory accesses are generated on rejected frames. The CAM is available 
off the shelf from MUSIC semiconductor. 

TlieLANU580 sits inaDSlU48 slot at the HDT 12 and is 
form imd fit con^Mdble with the DSIU 48 to be backplane compatible^^ TheLANU 
580 has four major system connections: MARIO 592, Ethernet 593, HDT LAN 591 
and clocking (input not shown in Figure 1 03). The four MARIO connections 
connect the LANU to the CTSU over the backplane. The four MARIO connections 
provide up to 128 bi-directional, 64 Kbit channels. The Ethernet connection 
connects the LANU to a local 10 Mbit, lOBaseT LAN. The lOBaseT connection 
will take the place of a single Tl connection of a DSIU. The connection is 
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tennioated by wire-wrapping the lOBascT to the badcplane and routing to a patch 
panel. For call provisioning and other system functions, the LANU S80 connects to 
rwo common 2 Mbps HDLC LANs on the b ac kpl anr. FinaUy, system clocking is 
provided by an external source such as a Building Integrated Tuning Supply (BITS). 

Ftmetional DMeription n f I IpgreMW rammunieationa 

For upstream traffic, the HDLC framed data available on the 
MARIO intafacc passes through the rate adaptation and TSA block 4t8. In this 
block, the 2.S6 Mbps MARIO interface is rate adapted down to 2.048 Mbps. As 
part of rate adaption, the ninth bit of each DS(K of die MARIO stream is stripped 
and sent to the MBS logic. The ninth bit carried an order number thai is used to time 
order the DSOs in multi-channel calls. Once the order numbers are established, the 
processor S81 configures the TSA to re-order the multi-channel calls and target the 
super<hannel to a QMC S86. For super-channels composed of 32 or less DSOs, the 
call is placed in a single 2.048 Mbps data stream, along with other calls and sent to a 
QMC S86. For 128 DSC calls, the DSOs are placed in a single 8.192 Mbps stream 
that is target to a QinCC32 HDLC controller S86 configured for 8.192 Mbps 
HDLC. Whether targeted to a 2.048 Mbps QMC or 8. 192 Mbps HDLC. the frames 
are accumulated and transmitted on the local Ethernet LAN. 
Functional Peaeripdon o f Pownatraini rnmmunieatioiis 

For downstream traffic, data on the LAN is filtered according to 
the destination MAC address. If the MAC address is in the Content Addressable 
Meawiy (CAM) S89, the LANU S80wiU accept the Ethernet frame. Onoetbe 
frame is accepted, the LANU 588 accesses a routing table in memory 582 to select 
the appropriate MARIO slot for transport Tlie frame is then scheduled for 
transmission and the HDLC controller 586 takes over. In die downstream direction 
for 32 DSO or less calls, the HDLC controller 586 is responsible for creating the 
MARIO stream and encoding the data into HDLC format For 128 DSO calls, the 
8.192 Mbps HDLC data stream is spUt among the four MARIO inter&oes (A-D). 
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The time ordering ind iggregation in ihc downstream direction is controlled by the 
TS A. After the diu pisses through the TS A, the ninth bit signaling information is 
added to indicate that data transmission is enabled. At the same time that the ninth 
bit signal is added, the data stream is rate adapted up to the 2.S6 Mbps rate of the 
MARIOS. 

For data movement the on*board memory S82 provides the 
switching and buffering necessary to move traffic from the Ethernet to the MARJO 
and vice*versa. The dau switching provides a virtual circuit baaed upon routing 
information constructed during call ^visioning that maps the MAC address to 
MARIO time slot The LANU 580 constnictt this routing table from information 
provided during call provisioning and by examining the source MAC address of 
Ethernet frames received from the customer end. The MAC addresses supported by 
the LAhOJ are then placed in the CAM 589 where they can be used to filter Ethernet 

traffic. 

In addition to the MARIO and Ethernet interfiles, the LANU 
580 also supports two HDT backplane LAN 591 inter£K» at 2.048 Mbps. The 
HDT LAN is maintained by the SCNU 58 at the hc«i end 32 and is used to pass 
configuration information to the LANU 580. Tlie combinatim of LANU 580, call 
processing, and |m-provisioning will provide the MARIO route (time slot in the 
MARIO dau stream) to all customer devices. 
ru^Qmcr Premi^ex FmiiTrment fC?E\ 

The CPE of the system 500 comes in different implementations. 
Altitough the basic data framing and transport remain the same across all the 
implementations the underlying modem technology and form ftctor differs. There 
axe currendy three general types of CPE defined: HSU based, MISU based, and 
Stand-alone (a variant of the HISU based implementation). Each of 
implementations are discussed separately below. 
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n^itm Modem Smicc Modulc 

A simplified block diignm of tbe DMSM is sbowo in Figure 
104. DMSM SSO supports up to 8 DSO*s for data mffic. [>ata is inter£iced to tbe 
HISU 68 through a Service Growth Module (SGM) interface that implements tbe 
bridge router functions of the dau coni»ectioa Tbe bridge/router is based upon a 
68302 embedded processor 60S with 2 MBytes of DRAM 604 and 256Kbyte3 of 
FLASH memory 606. One embodiment of the customer interface is a lOBaseT. 10 
Mbit Ethernet connection 602. Tbe interface between the bridge/router and the 
HISU modem is a Super-LUIGI (SLUIGO inter&oe operating at 2.048 Mbps. Data 
in the upstream direction is accepted by the Ethertket connection and relayed to the 
HISU 101 modem over tbe SLUIGI interface as HDLC encoded data. In tbe 
downstream direction, data finom the SLUIGI interfiice is passed to the HDLC 
controller 607 and then sent out tbe Ethernet connect through Ethernet controller 
609. System memory consists of 2 Mbytes of DRAM 604 which contains tbe 
operational code that implements tbe bridge/router functions as well as an SNMP 
agent The 2S6KBytes of FLASH 606 is used for storage of the operational image 
and can be updated with TFTP transfers. 

In ttte upstream direction, tbe HISU interfiM logic 608 is 
responsible for generating tbe ninth bit signaling information fot each DSO and 
interftcing with tbe SLUIGI stream of tbe HISU. The 2.048 Mbps serial data from 
the HDLC controller is stuffed in the appropriate time slots of tbe SLUIGI interfice. 
In tbe case of 64Kbit traffic, all HDLC data is placed in a single SLUIGI time slot 
In tbe case of multi<hanneb calls, all HDLC is placed in adjacent SLUIGI time slot 
receiving the first byte of HDLC data. In addition, the interfice logic wiU generate 
an order nuniber for each DSO with assigned to tbe first DSO and assigned to 
the last DSO, is reserved to indicate that the position of die DSO has not bea 
In the event of fitquency bopping, die interfKC logic will continue to number the 
DSO time-slots in die order that they are received. For example, under normal 
circumstances DSO ninth bit signaling would tag die time slots as *'1234S678-** for 
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an eight chsniid call If DSO 4 is lost due to ingress, then the new order would be 
''123-4S678.** This signaling information is used at the head-end to reorder the 
DSOs independent of the frequency hopping and tran^mt services. 

In the downstream direction the HISU interfile logic 608 is 
responsible for taking data from the SLUIGI inter&oe from the RF modem 101 and 
giving it to the HDLC controller. In addition, the HISU ioter&oe logic monitors the 
ninth bit signaling information of the first DSO to detect the *T>ata Dial Tone** 
sequence. The ""Data Dial Tone** sequence is sent by the head-cod to enable dau 
transmission. During the call provisioning process the HISU interfioe logic sends 
the ninth bit ordering tnfbrmatioo as soon as the SLUIOI time slots indicate that 
they can accept data. It is not until the HISU interfiioe logic gets a positive 
acknowledgment through the ^'Data Dial Tone" that data is seat to the head-end in 
the upstream directioiL 

Data Modem Qiannci Unit fPMCU) 

A simplified block diagram of a DMCU 610 is shown in Figure 
105. The DMCU supports up to 128 DSOs for data traffic The data interfile to the 
KQSU is a specialized channel that sits on the MISU backplane. 

The basic design of the DMCU 560 u very similar to the design 
of DMSM 550. The most notable difference is the interface to the RF portion is two 
8.192 Mhz serial channels. This allows the MISU intei&ce to support a 
symmetrical 8*192 Mbps Ethernet connection. Because of the higher throughput the 
MISU is based on the MC68360 614 that can support both the 8.192 Mbps HDLC 
conoection as wdl as the 10 Mbit Ethernet. In fitmt of the 10 Mbit Ethernet 
inter£m 612 is a router 616 that allows four users access to the 8.192 Mbit data 
coimectioiL The router 616 design insures security for all connected users. The 
design contains 2 Mbytes of DRAM 61 8 and 256bytes of FLASH 619. Like the 
HISU design, the FLASH can be remotely updated with TFTP. 

The DMCU 610 has an equivalent interftoe fimction that moves 
data from the HDLC controller 611 to the RF modem and works in a very similar 
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wty to tbe DMSM 600 with the excq)tioa thit the MISU modem inter&ce is 
f^ ^mttmA twp SLUIGI streams thit are docked it 8.192 Mbps. Between tbe two 
SLUIGI streams; 128 DSOs can be carried between the HDLC controller 61 1 and the 
modem. Tbe MISU inter&ce logic 613 is responsible for buffering and then sending 
dau over tbe dual S-LUIGI inter£ice to and from tbe RF'modem. In tbe upstream 
direction the MISU inter&ce logic 613 generates order numbers for each of the 128 
DSOs over the ninth bit of tbe DSO^. Tbe order numbers geuaate d on the MISU 
work in the same way as they do on the HISU. In the downstream direction, the 
MISU inter£M logic 613 is responsible for moving data from the S*LUIGI streams 
to the HDLC controller 611. Tbe MISU interfile logic also monitors the ninth bit 
dau stream from tbe first DSO to detect tbe **Data Dial Tone** that enables data 
transmission. EthemetcontroUer617moves the data to the router 616. 

Stgnd^alone D«tm Mod«M 

The stand-alone data CDMs are based upon tbe HISU design. 
In the stand-alone designs, the RF modem 101 of tbe HISU is tightly integrated with 
the bride/router design. Like tbe DMSM 600, the stand-done supports from 64 K to 
SI2K. Tbe interfiices are identical with several options: standard style 
connector to the cable, 1 0 Mbit Etbemet and RS23 2 connection to the customen 
equipmenL 

In the TR-008/V2 system, calls are provisioned and nailed up at 
time of installation. Under this scenario an operator at the head<nd 32 is 
responsible for determining tbe MARIO configuration and transfer rates (64 K to 
S12 K). Tbe DATS medwdology of present invention utili» TR-303/VS call 
processing to provide dynamic allocation of bandwidth. To maintain the telephony 
oriented architecture of the access platform of tbe present invention, die LANU 580 
takes on responsibility of a limited subset of the Cenoml Office (CO) fimctions. 
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This approach has the distinct advantage that the dau sessioiu are fully ictegrated 
with telephony. 

At the time of depioyment.-a LANU S80 will be identified as a 
''Master" LANU (mLANU). The mLANU will have the responsibility to maintain 
the CO>like functionality for all dau calls to HDT 12. In older to perform these 
functions, the mLANU will represent itself to the HDT as an Q>T. When the 
mlJ^hOJ is pie*provisioned, the mLANU will be given an IDT identifier and 
assigned a Time Slot Management Oiaooel (TMC) channel from CTSU S4. 
Regardless of the number of LANUs 588 in the HDT 12 a single mLANU will 
allocate and keep track of available DSOs for all the LANUs in the HDT. As 
customers are configured, a Call Reference Value (CRV) for the selected COM will 
be assigned to identify the customer. The CRV along with the number of data 
chaoneb will be added to a call provisioning database on the mLANU. 

The call processing sequence for call origination is shown in 
Figures 106*109. CaU processing begins when the CDM generates an '^•Hook" 
message over the IOC associated with the HISU. MISU or Stand alone CDM 
(described above). After the ''Off-Hook" message is received at the CXMU 56 then 
sends a "Request Service" message over the backplane. LAN 591 to the CTSU 54 
identifying the CRV of the originator. After receiving die Hequest Service" 
message, the CTSU 54 sends a set-up message to the mLANU 580 over the TMC 
(DSO in a MARIO stream). Hk mLANU uses the CRV to access the on-boatd 
database in memory 582 and determine die number of DSOs to allocate the call. 
Onoe the number of channels has been determined, the mLANU identifies Ae DSO 
andDSl for the call Hie mLANU then sends a "Make Cross Connect" message to 
the CTSU 54 over the TMC identifying the DSO and DSl and tiwir association with 
theCRV. Iniespoose the CTSU 54 sends a "Req. Bandwidth" message to the 
CXMU 56 over the backplane LAN 591 to allocate the bandwidth in the transport 

Preferably, the DAT methodology and system provides diat 
each subscriber is represented in the database as having s u bscri b ed to a certain level 
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of bmdwidth per ditt connection. For example, a subscriber may sign up for 5 12K 
of bandwidth. Upon call setup or conaecdoo. the OAT metbodology thus assigns 
each user the number of channels required to achieve the subscriber's bandwidth. 
However, in certain eases, the tianspoft system SOO may not have the necessary 
bandwidth to allocate to a subscriber their normal subscripted bandwidth. Under 
these ciicumstances, the subscriber is aUocated a lesser amount of bandwidth, for 
example 64K of bandwidth. By dynamically adjusting the amoum of bandwidth 
assigned at call seoip for each calU the tnLANU can maintain a minifntan level of 
bandwidth for ea^ subscriber. However. existiBgconsinioisprevcBi small 
deciemental bandwidth re^ocatioas. Constraints existing within die system SOO as 
described above will enforce the halving of bandwidth of some subscribers to 
y^ ffn \in~*«** additional subscribers, nther than by means of a more evenly 
distributed loading. As shown in Figure 107, as die number of wbscribers increase 
(on the horizontal axis) any given usa's allocated bandwidth will halve at a certain 
userdensity. The qxead around the average indicates that seme users will 
necessarily lose half their existing bandwidth earlier unda loading than will others. 
The constraining ftetor in preveating a tnore equitable burden is the window nitiae 
of the pieseatHISU 68 RF tuning. As noted above, the HISU times to one of 24 
IOC channels spread tfarou^kout the 6MHz cable channel and hu access to five 
payload channels above and five payload channels below the selected IOC 

frequency. It cannot bonow payioad channels outside diis window often channels, 
so therefore there is DO way for the *^th" user to boirow just (me channel each 
from seven other usen. Itcanonly sit on top of one of the existing IOC payioad 
windows and takeover halfofthe window bandwidth. At that point, 23 users would 
be giaixtedS12kbsbandwiddi and two users would each get 2S6kbs bandwidth. The 
'*26di'' user would result in 22 usen witfi 5 12IAS and firar users with 250^ and so 
on. This general pattern is r^ested at a load of72 users and 120 users. (TlieRisa 
discontinuity in die patten from 48 to 72 users due to die previously unused two of 
ten DSO's per window being pressed into two DSO 128 kbps service.) Tliegraphof 
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Figure 109 illusntes the dismbutioD of bandwidth to users as the aumber of users 
increases. Itis also contemplated that a subscriber could have different defiuilt or 
standard dau rites depending on the time of day or day of week, or based on system 
loading, such that a user can receive even more bandwidth than their standard rate 
under certain system loading conditions, such as if the system is loaded below a 
predetermined threshold at the time the subscriber seeks a connection. 

Also, »>^i"g the ninth bit signaling, the mLANU can **steal** 
bandwidth from other (e.g. high capacity) users. This is done by reoaoving the Datt 
Dial Tone from a subscriber using the ninth bit signaling. This quiesces the user* s 
line, allowing, the number of channels for that user can be reassigned to increase the 
bandwidth allocated to the user. This technique is also be used to decrease the 
number of chazmels assigned to a user. 

In order to establish the tnnspM, the CXMU S6 trains the 
modems (as described above with respect to systm 10) and associates the avails 
tones with DSOs. Once the training is complete, the CXMU S6 sends a^'Pass'* 
message to the CTSU S4, which in mm informs the mLANU over the TMC that the 
call is con4)lete with the XallConvlete** message. In respcmse, d»e mLANU 580 
configures the HDLC oontroUers S86 and the TSA S88 on the mLANU or another 
LANU through communications over the backplane LAN. At this point the pipe is 
established but data is not yet enabled. 

In order to actually begin data transmission two additional steps 
have to occur across the ninth bit signaling of the DSOs. At the point where the 
modems are trained HISU 68 or l^U 66 interfM logic (608,613) wiU b^ 
enabled to transmit data. Once die transmit is enabled, the inteiftce logic will begin 
tzinsmitting the DSO ordering number in the ninth bit of each DSO. At the LANU 
S80, die processor 581 wiU monitor the ninth bit signaling to determine when aU 
DSOs have established their order. Once aU DSOs have established order, the LANU 
580 wiU send the ''Data Dial Tone" pattern on the ninth bit of the first DSO in ^ 
multi-channel calL When Ae ISU 100 receives the ''Data Dial Tone** data 



181 

communicttiotis are enabled and data tnosmissioo begins. 

A session is terminated at the customer end when no dau is 
available for transmission by generating an **0n Hook** message. Thecail 
processing sequence for an *X)n Hook** message ttdx>wn in Figure 110. Whenthe 
COM terminates tbe connection, an Hook*" message is sent over die IOC to the 
CXMUS6. Tbe CXMU 56 is response sends an ""On Hook" inessage, identifying 
theCRV.totiieCTSUS4. Tlie CTSU 54 then sends a *Tear Down** message to the 
mLANU 584 over the TMC At tbe mLANU 580, the connection is deleted from 
tbe connection database and then released. If the connection is not on the mLANU» 
the mLANU will send a ''Release Channel** message to the target LANU 580 and 
also will send a **Release Cross Connect** message to the CrSU 54. TbeCTSU 54 
will release the cross connects used fi>r the connection and then send a ^'Release 
Bandwidth*" message to tbe CXMU 56. At the CXMU 56 the mapping between 
tones and DSOs b lost and the connection is losL When tbe oomiectira is lost, the 
CDMwiU lose tbe *l>ata Dial Tone** in die nintfi bit signaling of of the 

call 

The LANU 580 can also be configured to bring 19 connections 
to customer<nd equipmenL This allows for notification ofinooiiunge»Mail and 
personal Web pages without tying up idle bandwidth. To do thia, the master LANU 
in each system will maintain a mapping between the MAC address for each data 
element in the system and cross that with the CRV. Then an Ethernet packet is put 
on tbe head<ad LAN 591, and a LANU 580 will read its MAC address and 
determine whedMT the connecdon is t^) to the device. Iftheconnecd<misup, the 
packet will be forwarded over die HFC transport Iftheoonnecdontsnotinplace, 
die receiving LANU 580 will generate a connection request to die mLANU. The 
mLANU will then signal die transport system over the TMC to bring up a 
connection to that device using the IOC. The receiving LANU 580 will then send 
the data once the connection has been established. 
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' TlieLAhfUsoftwire 620 is respoosible for the all major 
functioaoftbe data conoentiation of the head-Old equipmeaL A amplified 
schematic diagram of the LAND software is shown ia Figure 1 1 1. The software 
620 of the LANU consists of three nuyor components: bridging 621. HDLC LAN 
manager 622, and data IDT 623. All three tasks wiU operate as appUcttiotts on top 
of the embedded eonaoUer openting system -pSOS" kernel in the processor 581. 
The pSOS kenel will provide the base for the mutti<ttskiag operation of the 
software 620. 

The most impoitam task to the actual irao^ott of data will be 
the bridging ta^ The bridging task has seveial functions. First, the task will be 
responsible for providing the virtual switch between the MARIO and Etfwrnet 
intetftces. Hie task will be implemented as in 'istenupt on receive" task that will 
execute at interrupt level. At either interfile, an interrupt is issued when an entire 
frame has been received and stored in buffer memoiy (Figure 103. S82). Duringtfae 
interrupt service routine, the packet wiU be handed off by modifying the associated 
buffer descriptor after lofddiig up the routing in die bridging table (stned in osemory 
582). For upstream traffic (HDLC to Ethetnet), the source ofthe first packet will be 
read to discover its MAC address. Hiis address wiU be added to the bridging table 
and written to tfie Ethernet CAM 589 f(W filtering. 

A second funetiMi of the bridging task is the creation and 
maintenaooeoftfaB bridging table. The bridging table will match the MAC address 
of the CDM 535 with the MARIO DSOs so that data can be moved between the 
Ethernet and HDLC. During caU processing, the DSOs that are allocated to the call 
wiU be identified by the mLANU 580 through backplane LAN (591) Messaging and 
installed in the bridging table. As described above, when the first fiames begin to 
flow from the CDM, the source MAC address wiU be identified and tbe table entry 
for die CDM will be complete. At this point data will flow in both diieetions. Once 
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the MAC address bis been discovered, the bridging table entry will remain intact 
until the connection is terminated by the CDKL 

A third function of the bridging task is maintenance of an 
SNMP agent. SNMP traffic will be handled and processed from the Ethernet port 
The agent will support a standard MB*n information database for tr an sp aren t 
bridging. In addition* objecu will be added to the MIB that ait specific to the dau 
architecture to fiKtlitate CMISE*SNMP integrati<m and different billing options. 

Finally, the bridging fimction may support link*layer 
encryption/decryption on the bridged data. Eacrypdon/Decrypdon may be software 
only or hardware assisted depending upon the desired performance of the system. In 
either case, this function will execute as an application on top of pSOS. 

Another component of the LAhfU software 620 is the HDT 
LAN manager 622. The HDT 12LANS91 is used to communicate system 
messages between the elements of dte HDT 12. During pre-provisioning, the SCNU 
S 8 will coflununicate system parameters such as CRV, IDT ID, and number of 
channeb accessible by the CDM to the mLANU 580. These parameters will be 
used in the construcdon of the call provisioning table resident on the mLANU. 
During call provisioning, the mLANU will examine Ae imvisioning table for 
available DSOs and use the HDT LAN S91 to set up MARIO configurations on other 
LANUs 580. 

AnoAer important fimction of the HDT LAN manager software 
622 is support for field software upgrades. During download, the LANU 580 will 
take dke image fiom the HDT LAN and store It in on*board FLASH memory. Aside 
fiom the SCNU 58, the LANU wiU be the only board in the HDT 12 that will load 
its image from its own FLASH on power up. As such, support for image download 
from the SCNU 58 Ethernet port will need to be added to the SCNU software. A 
final function of the LAN manager software 622 is to provide the network 
management access to the SNMP environment of the LANU. 

The final major task of the LANU software 620 is the data IDT 
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623. As described above, the system 10 of the prtsentinvenOM 
provide access &om POTS to a CO switch. As such, the burden of resource 
allocation and assignment of DSO terminates at the switch. Since the data 
architecture of the system 10 terminates at the head««nd there is no such centralized 
resource in the architecture to provide the services of the switch. In order to provide 
the services required to terminate the data "calls" a single LANU S80 functions as 
the data IDT. 

The function of the data IDT is to piovide a single point of 
reference for ttie data resources oftfaeHDT 12. During pce^visioning of the 
LANU hardware a LANU S80 wiU be designated die -Master" 
and assigned an IDT identifier. Tlie mLANU 580 wiU to take on the function of 
the switch fOT data calls by maintaining a table that maps CRVs to service level (# of 
chaniwls). In addition, the mLANU will maintain a mMp of all available DSOs an all 
LANUs (including the mLANU itself) installed at the HDT. A copy of the call 
provisioning table will be kept in on-board FLASH so it can survive a power loss. 

In order to ouintain compatibility with standard telepbtmy 
traffic the means of coinmunication between the CTSU 54 and mLANU will be a 
TMC connecti<m over one of the DSOs within a MARIO. During call provisioning, 
the CTSU 54 seads a seoip message over the TMC and the mLANU will respond 
with a "Make Cross Connect" message that identifies the DSO, DS I , and CRV ifor 
the connection. As discussed previously, the mLANU will also configure die 
LANU 580 for the connection through communications over the HDT 12 LAN 591. 
Therefore the data IDT software 623 will emulate the switch though its 
communications with the CTSU 54 over the TMC using Q.93 1 compadble 
messaging. 

On all LANUs in the HDT 12, whether master or not, the data 
IDT software 623 will be responsible for configuring the TS A and communicating 
with the bridging tasL In configuring the TSA, die data IDT will monitor the 
yffpfn ff^ numbers in the ninth bit signaling and appropriately ctmfigure the 
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iflterGOQDect so that the order within t multichanoel call is maimainnd In addition, 
the data IDT software 623 will communicate the state of the oonoection to the 
bridging task to open up the data pipe. 

Another important function of the data IDT software 623 is to 
provide the infonnation needed to provide billing and other accounting functions. 
As an IDT like function the dau IDT will also suppoit standard CMISE objects, 
rnvf Rnfhwfg 

Software provided in a CDM S3S (executing on the local 
processor 60S or 614 and represented by such elements) will provide the same types 
of functions. The major function of the CDM software is to provide the 
bridge/router (brouter) functionality at the customer<nd. In supporting the brouter 
fimction the a>M software supports IP routing. PPPt and SUP. AspartoflP 
support the CDM suppomTFTPfc^ downloading new code images. llieCDM 
also supports a standard SNMP agent with a fiiil MIB*n information base. 
Preferably, the software executes on either the 68302 (60S) or 68360 (614) 
processor. 

The control of the modem portion is with the standard MISU or 
HISU software running on a Motorola 68HC11. Tliis code Alports all the alarm 
conditions and conmiunicatioiu set out above for IOC communications. The 
inter&ce between RF modem and the brouter is preferably a hardware only 
implementation. 

Ngtwprfc Manayemggt 

Network management of Oe data architecture of system SOO is 
preferably provided by both CMISE and SNMP. Tbe CMISE portion of network 
management will be responsible for the transport mrchantsm for data, while SNMP 
will be used for data network oriented management In this enviroimicnt. SNMP is 
an overlay to the CMISE environment 

As with all telephony services, the data architecture will depend 



186 

upon CMISE for network muugement of call provisioning and orba nn^»rt 
related functions. In addition, CMISE will be responsible (or acrotmring on data 
connections. This approach provides for a very flexible billing system wbeit 
services can be billed per connection time, bytes passed, or packets passed. 
Statistics will be collected in the mLANU and reported to the network manager. 

SNMP management is used to provide data services 
management for the dau architecture. In this way the data architec&fft will 
resemble a standard dau oecwork. Within SNMP managemenu the LAND S80 and 
CDMwiU maintain SNMP agents oonipliant with the MIB-n standard. Inorderto 
support an SNMP agent both the LANU and the CDM wiU need to support the UDP 
and IP protocols in addition to the SNMP protocol In order to provide a single 
point of management for data and telephony, both CMISE and SNMP are preferably 
integrated into the same element manager. This level of integrttion will simplify 
billing by providing several options such as bill by connection time, bytes passed 
and packet passed. 

Asvmmgtrical Data DeUverv 

For many casual residential users, data trafSc can be 
characterized as mostly ^bursty" Gntermittent), downstream traffic with relatively, 
small upstream needs. The most cost effective means of delivering services such as 
Web browsing,.file downloads, and CD-ROM preview is asymmetrical tran^rt 
The asymmetrical data traxisport rmK^if"^* of the invention includes a customer 
premise unit or Personal Cable Data Modem that contains a 30 Mbps, QAM 
downstream demodulator (PCDMOO) 620a, as shown in Figure 1 12. PCDM-30 
also includes an OFDM upstream modulator supporting a minimum of 64 10^ 
guaranteed, non*shared bandwidth. The connection to the customer«end equipment 
is lOBaseT Ethernet that supports standard TCP/IP. 

At the head end 32, an ASMU 622a sui^orts multiple users on 
a single 30 Mbps channel which occupies 6 MHz of spectrum outside of the 
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chinaeli of tbe telepbony txmspon system 10. In addidoo to the downstream 
modulator, tbe ASMU 622a concentntes tbe renin cfaanoeU by inter£»ng with tbe 
HDT 12. Upstre&n traffic is carried over as a single DSO and integrated with tbe 
downstream transport on tbe ASMU 622a. Tbe connection firom the ASMU to tbe 
head-end services is lOBaseT, but higber capacity industry standard connections are 
also possible. 

Tbe ASMU 622a sitt at tbe bead cad 32, but iM in the HDT 12. 
Tbefuncticm of tbe ASMU 622a is to integrate tbe upstream path for up to 400 
DSOs (Configurable from 64 fCbps to S 12 Kbps) and a 30 Mbps sbared downstream. 
Each LANU S80 will generate an t2 Mbps HDLC stream that contains tbe 64 Kbps 
Ethernet packets from all tbe users that are attached to LANU through tbe transport 
system. On tbe ASMU 622a, }sp to four of dieae, are aggregated, and sent out to tbe 
bead services over lOBaseT Ethernet In tbe downstream direction, the data on tbe 
1 OOBaseT is filtered on the ASMU, and those packets destined for tbe customer end 
products are accqxed and then modulated onto tbe 30 Mbps sbaitd medium. 

In order to register a modem, tbe customer-end modem sends 
out an IP packet to ideotiiy itself: This causes tbe LANU S80 to assign an HDLC 
address that is mapped to die MAC address of device. Tliis information is passed to 
the ASMU 622a so that tbe HDLC address can be used by the modulator over tbe 
HDT 12 backplane LAN S91. The HDLC address and frequency for tbe nmer is 
also sent to tbe eustomer^end over tbe downstream telepbony path and registered at 
die customer cod. This address is then used by the customer«end equipment to filter 
tbe 30 Mbps downstream channel. 

One advantage of tbe asymmetrical system is that a relatively 
large number of casual usen (300^) can be su^^mted by a single muhi-megabit 
downstream transport, with an optimal anx>unt of upstream capacity. Tbe 
implementation of tbe downstream matches tbe downstream of other cable dau 
modems in use and additionally provides superior, high capacity upstream. Since 
casual users place lesser demands on tbe network (peak utiliziticm is lower than that 
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of business), men can be concentnted on the rtnim channel thus lowering head- 
end 32 costs. 

uimream channel in asymmeihcal applications is still 
important due to the nature of the acknowledge protocol of TCP/IP, where blocks of 
dau sent in the downstream must wait on an acknowledge message from the 
receiver before subsequent data blocks are sent If the upstream channel is too 
small, the downstream channel will stall reducing the adlizatkm of the downstream 
bandwidth. By guaranteeing a minimum of 64ICbps to each user, the asymmetrical 
system can deUver greater than 1 Mbps sustained to ettdi user, matching the capacity 
ofmost residential computer equipment Another advantage is the superior security 
ofOFDM in the upstream. Unlike other shared upstream modem produos currently 
available, the asymmetrical system herein described prevents information, such as 
bank accounts and credit card numbers exchanged during on-line Internet shopping, 
from being "seen* by other modems on the network. 

R^mmtmrw of Data Deliverv Sv^ Advantages 

Thus, the symmetrical embodiment of system SOO provides 
many options for the delivery ofdata services over HFC distribution network 11 to 
the residence or business. Ibe DMSM SSO provides from 64 Kbps to S12 Kbps 
access to headend resources over a lOBaseT connection or RS232 (64 Kbps 
service). Ibe service is symmetrical (same data rate upstream and downstream), 
noihsfaared and dedicated to each user, providing a guaranteed level of service. As 
an add-in card to the HISU, the DMSM SSO provides complete transport integration 
widi teleiriKmy, supplying high-speed data and two POTS lines to the residence. 

The PCDM S40 provides the same data transport cqMbilities as 
the DMSM SSO in a standalone configuration, packaged m a traditional modem 
housing. This implementation is ideal for premises or installations where telephony 
is not deployed. 

The DMCU S60 is an MISU channel unit that provides higher 
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d«unte»thm«tbertheDMSMorPCDM.5l2K. The DMCU 560 router minages 
four subscribers who sh«t up to 8.192 Mbps of symmetiicil btndwidth. Tlie router 
implementition guuutees thtf aU four subscribers oa die DMCU 560 have private 
connections. Hie DMCU 560 works wdl for multiple dwelling installations for 
Internet a rfw i and saaall business conoeetioas where synuDetrical, noo<ifaared datt 
access is required. 

At the head end. the LANU 580 provides the eooeeatiation of 
up to 100 DSOs in flexible combinations ofvarious data rates, from 641 Kbpsto512 
Kbps for residential, and up to 8.192 Mbps for business applications on a single, 
industry standard lOBaseT connection. An HDT 12 can be configured with up to 
seven LANUs,coocena«ing up tp 700 DSOs. In addition to the indussy standard 
transparem bridging function, the LANU also provides the inteUigeoee for the 
dynamic adaptive aUoeation of bandwidth capacity to optimis traospoit duiag 
times of heavy loading. This capability enables an HFC service provider using 
system 10 to mix residential and business data services in a single 6 Mhz channel 
without con^tomising the quali^ of service for business Gomwctioos during peak 
Internet access times. Dynamio^lloeation allows the customer units to cfBdently 
utilize the data transport by dropping Gonnectioos at times of no traffic and re- 
establishing them when data is ready to send. Each time a connection is established 
the LANU 580 win aUocate bandwiddi of up to a inaxifflum of 512 Kbps, depending 
upon the network load, with a minimum of 64 Kbps. Finally, the LANU coUects 
detailed traffic statistia that can be used for a variety of billing methods, for 

instance bill by connect time. 

System 500 is particulariy effective in meeting the fecial 
needs uid higher expectations of business applications. Businesses tend to require a 
higher level of upstream signaling in orda to support af^lieations sudi as 
telecoounuting and videooonforenctng. Most cable data modem network 
aichitecoires can provide only limited upstream capacity, but ADC is able to, ofifer a 
very high capacity upstream due to the efficiency of OFDM and frequency agility. 
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Guinmeed bandwidth is of equal importanoe to upstream 
capabilities. Businesses must have full access to their pipeline at all times, 
regardless of other traflBc on the network. With system SOO, once a premium user's 
bandwidth has been esttbiishcd, it cannot be diminishrd, regardless of the number 
of usen who subsequently access the network. 

Tbe security of the data being tr an ^wt e d is also a mqor 
concern to businesses. Security at the transport layer (eaciyption and secure key 
exchange) and at tbe network layer (filtering) is provided by current transport 
technologies. System 500 also provides additional security at the physical layer, 
made possible by utilizing frequency scrambling within tbe OFDM tnnqmt 

The symmetrical product line is well suited for "power" Internet 
users who use their PCs not only for casual browsing but for remote LAN 
access, telecommuting, real-time audio, and possibly video teleconfertncing. While 
these users are demanding, diey are frequently early adopters of technology who 
will push the limits of Internet access and Internet applications, making the 
symmetrical, noskshared, guaranteed quality of service of the symmetrical products a 
requiremeObL 

For both residence and business users, the symmetrical 
embodiment of system SOO provides for superior integration with telephony. By 
utilizing OFDM transport in both the upstream and downstream, the symmetrical 
system can carry data in the same 6 Mhz chanxwl as telephony trafBc. This 
cqsability is ideal for smaller installations and early d^loyment where efBcient use 
of spectrum u important In addition, OFDM provides a very secure data delivery 
stem by implementing a point-to-multipoint bridge for data where two customer 
premises units never share the same digital data streasL 

The delivery of data over system SOO requires dte efBcient 
allocation of available bandwid^ and network management of system resources. 

System SOO provides a completely scalable data architecture by 
dynamically allocating bandwidth for data traffic throu^ its utiliration of a subset 
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of staodird T1t303/VS call procesnng softwire. Tliis system capibility gives HFC 
service providen the flexibility to tailor the configuntioQ of bead-ead resources to 
satisfy the diverse Deeds oftheir subscriber base. Subscriber services can be 
provisioned at tbe bead end as symmetrical fixed, symmetrical variable, or 
asymmetrical services. As tbe subscriber mix changes or subscribers upgrade 
service, bead-€ad resources can be re-provisiooed to meet the Dew requirements. 
For example, usen can be easily reconfigured to ivgrsde fiom 64 iCbps service to 
SI2ICbps or even fiomasytDmetrical to symmetrical For capacity planning, data 
bandwidth is aUocated as a number of DSOs to potential iMn with a single 
supporting 19 to 720 DSOs. The number of usen supported is then a fimction of 
sendee level (number of DSOS) and conoentratioQ rttio (number of users per DSO). 

To ensure that service providers have an effective tool to 
manage their cable data netwMks, system 500 offers an integrated data/telepbony 
network management solutioiL Data management is based on industry standard 
Shn^ agents and MIBs (managemem information bases), whidi are then con^ 
into an integrated data/tele|^>ony t ict w pr k management e n v ir o m nent Integration of 
data delivery md telephony into asingle network management system has several 
advantages: 

(1) Symmetrical data, asymmetrical data, and teleidiony elements can be 
managed by the same element manager. 

(2) Less support staff is required. 

(3) Better integration with billing. 

(4) Better finih isolation. 

(5) Lower Mean Tuie To Repair (MTni). 

Thus, system SOO provides a single, integrated system that can 
meet die diverse needs of potential subscribers, firom casual Internet browsers to 
high<apacity business users. The integrated solution gives HFC service providers a 
single point of network management that results in reduced siqiport costs» reduced 
staflBng C09IS, and shortened time to tum-up new services. Finally , die OFDM 
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technology of iystem 500 provides data, video ind telqihony services in a 
bandwidtlhefficient system that reduces the demands oo a very valuable commodity 
for HFC service providers spectr u m 

The system 500 of the presem mvcatioD can also be configured 
to caity data from an Asynchronous Transpon Mode (ATM) netwock. As shown in 
Figures 114 and US. system 10 OT 500 oftheptesem invention is modified to 
include an ATM multiplexer/modulator 650 whidi can receive ATM data from an 
ATM netwock 652 and modulate it onto the HFC BCtworL Inooeprefened 
embodiment, digital video dau is delivered over ATM network 652 . multiplexed 
and modulated using multiplexer/modulator 650 onto the HFC network in RF digital 
OFDM format on assigned data and/or telepboiay channeb between the head end 
and a subscriber, as for exan^le described above with respect to system 10 or 500. 
A digital set top box 654 receives the digital video, fmmatted for exan^le in 4.0 
Mbps MPEO or equivalent, and converts it to video for di^lay on a television 656. 
A tenim path to the HDT 12 over a telephony or data channel allows for iatemetive 
digital video. A video server 65S and ATM switch 660. feeding the ATM 
multiplexer/modulator 650. is shown in Figure 1 15. 

PmKoHitTw^ ftf enntml amects nf telecommunicatioret lYflm 
OiTin^l MiitMiger 

In one embodiment, communication system 10 of Figure 1 includes channel 
manager 900 of Figure 59 to control various ejects of the dynamic allocation of 
channels to ISUs 100. For example, channel manager 900 assigns each ISU 100 to a 
T^ ihbw Kt , allocates in the subband to an ISU to complete a conununieation 

link, and monitors die channel to detect and avoid use of ootrapted channels. 
OxiwMti xnmager 900 implements further fimctiMis as described below to 
coordinate the use ofthe channeb in a 6 MHz transmission chaimel to ISUs 100. 



193 

Channel nunager 900 may ecmpnu ioftwaie executed by a processor 
resident in ^ach CXMU S6 of each KDT 12. Channel manager 900 receives events 
from board support software 902« IOC and modem communicaton 904, ISU ranger 
906, and administrator 908. Channel manager 900 also sends messages to IOC and 
modem conununicaton 904 for allocation or reallocation of channels. Channel 
maiuger 900 uses two types of channels to communicate control data to the ISUs. 
First, channel manager 900 broadcasts control data over the IOC channels to the 
ISUs. The control data on the IOC channels contains an ideotificatioQ signal that 
indicates the ISU to receive the control data. Further, diannd manager 900 uses an 
ISU demand link channel, refened to as an IDL channel for non-tiine<htical 
transport of data between head end 32 and an ISU when the data is of a size that 
would benefit ftom a transmissi<m chaimel with more bandwidth than the IOC. 
TypicaUy. the data rite for the IOC channel is 16 Kbps and the data rate for the IDL 
channel is 64 Kbps due to the amount of data contained in each package or frame. 
TypicaUy, control signah contain fim data bytes or less per frame or pacl^ The 
IDL channel is used to transmit data packages that are larger than this. Forexas4)le, 
the IDL chamKl is used to download software to an ISU, pcovision a channel unit, 
tzarisiiiit fiiture charmd uiiit ftmcdoiis, or traiisrmt protocols. In one embodiment, 
HDT 12 only implements one IDL at a time. The IDL chamel is described in more 
detail below. 

^uhhand AMiyntngnt and Chmncl Allocation 

Channel manager 900 is responsible for ••«gnifig an ISU to a subband and 

pjf f|fft^>twg jmy{r^ ^hawwU frw ftfi|nH^^|ny<'artiftffi€ Kwlf tft rfig TCTT AppCOpfiatC 

selection of subband and payload chaxmel improve the performance of 
communication system 10. Chaxmel manager 900 fiirther numiton the channeb axKi 
reassigns subbands and reallocates chaimels as nece ssa ry to maintain aoo^table 
communications links between head end 32 and ISUs 100. 

Channel manager 900 selects a subbatKi for an ISU in several ctrcumstanoes: 
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during acquisttioa. wben an HISU is assigned to a subband that has insufficient 
payioad channels to meet a request, and during an HISU IOC timeout event An 
IOC timeout evoit occurs wben acknowledgments are not received by channel 
manager 900 from an ISU within a specified time period. With a timeout, it is 
assumed that the downstream communications to the ISU are still in tact even 
though the upstream communications have become com^iced due to noise or 
collisions. Thus, a message on the IOC to renme to a new subband is assumed to 
reach the ISU despite the lack of an acknowledgmeo. 

In each case in which an ISU is assigned to a subband, channel manager 900 
uses various criteria to select die subband for an ISU. Figure 62 is a flow chart that 
illusuates one embodiment of a method for assigning an ISU to a subband. 
According to this method, channel manager 900 first selects a subband. Channel 
manager 900 tbeo determines whether addition oftfaelSU to the subband would 
provide an acceptable load on the IOC channel. For example, channel manager 
considers the nimber of ISUs assigned to a subband. Further, channel manager 
considers the type of ISU and the likdy load that the ISU wiU place on the IC^ 
channel. By considering these foctors, channel manager 900 can selectively 
distribute Oke load on the IOC channeb so as to fodlitite timely communication of 
control data to and from the ISU. This also allows channel manager 900 to evenly 
distribute the ISUs over the available subbands pxh that a like number of ISUs 
occupy each subband. Channel manager 900 also weighs the number of available 
channels within the subband and their transmission quaUty as recorded in 
ofcfaannd manager 900. Channeb with longer low-error rate histmes will be used 
first Channeb previously inarked bad and reaUocated for nionitniikgwiU be use^ 
last Based on these criteria, channel ounager selects a subbai^ for each ISU. 

Figures 63, 64 and 65 are frequency spectrum diagrams that iUustrate initial 
assignment of HISUs and NflSUs to various subbands in a 6 MHz transmission 
channel Ibese Figures show that channel manager 900 attempts to evenly 
distribute the ISUs across the transmission chaxmeL As depicted in Figure 63 « 
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chanoel maniger 900 begins tssigning subbtnds at the middle of the 6 MHz 
tnnsmission chiooel. ChuDel manAger 900 then moves out to>vard the ends of the 
transmission channel. For example, the first HISU is assigned to subband number 
12 and the twenty-fourth HISU is assigned to subband 0. It is noted that more than 
one ISU can be assigned to a subband. As depicted in Figure 64, channel manager 
900 initially assigns the first MISU to subbands 0 through 12 and the next MISU to 
subbands 11 through 23. As depicted in Figure 6S, when HISUs and MISUs are 
assigned to the same subbands, channel manager assigns the subbands so as to 
evenly distribute the ISUs over the available subbands. It is noted that the factors 
listed for use in selecting a subband are shownby way of exaoaple and not by way 
oflimitation. Other ftctors can be added and the weight given to each ftctor can be 
adjusted without departing from the spirit and scope of the presem investioiL 

Channel allocatim 

Figure 60 is a flow chart that illustrates one embodiment for a method for 
allocating payload channels in a subband by channel manager 900. Channel 
manager 900 attempts to an acceptable distribution of bandwidth widiin a 

subband to reduce the need for reallocation of payload channels within the subband. 
Furtiter, the goal is to allocate chazmels appropriately across the 6 MHz transmission 
rKatifti>i to avoid having to reallocate channels that are currently in use. A channel 
can be allocated to an ISU only from the available channels in the subband to which 
the ISU u assigned. 

Channel manager 900 receives a request for allocation of a payload channel 
fiQmehbertheSCNUS8orCTSUS4. At block 912, channel manager 900 decides 
wfaedier sufSdent payload channels are available in the current subbmd to fiilfill the 
request If suflSdem channels are available, the inethod proceeds to block 914 and 
determines wbedter one of^ available channeb is die IDLchannd. IfthelDL 
chaxmd is not one of the available chaxmels, chaimel manager 900 allocates a 
channel for each channel requested by CTSU 54 or SCNU 58 at blocks 916 and 91 8. 
Channel manager 900 selects the channels based on several criteria that increase the 
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lilcelibood of achieving a connection wi For example, 

channel manager 900 can use the method shown in Figure 61. According to this 
method, channel manager 900 begins die selection process by identifying available 
payload channels that are located toward die center of the 6 MHz transmission 
channel. Typically, channels that are nearer to die edge of the 6 MHz channel 
exhibit higher bit error rates dian die channels d&at ait closer to die center. Further, 
channel manager 900 can also consider limitadons of the ISU and the requested 
service in selecting a payload channel For example, die ISU may be preset for use 
only widi odd or even payload channels. This information may be included in a 
ROM on die ISU and provided to die channel manager when channel allocadon is 
requested or during acquisidon. Further, channel manager 900 uses data on the 
quality of transmissions over die identified channeb stored in tables in channel 
manager 900 to determine which available payload channels have an acceptable 
error history, e.g., bit error rate. Odier appropriate criteria can be used in channel 
selecdcm diat also tend to increase the chances of producing a connection with 
acceptable quality. Based on diese criteria, channel manager selecu a payload 
channel to allocate to the ISU. 

If; at block 914, channel manager 900 determines diat one of the available 
/■K^wfw^u is the IDL channel, channel oumager 900 deallocates the payload channel 
allocated to be die IDL channel at blocks 920 and 922 due to die lower priority of 
communications over the IDL channeL 

If; at block 912, channel nianager 900 determines diat suflBdeot payload 
aie not available in the current subband, channel manager 900 determines 
whedierdietequestisforanHISU6SoranMISU66atblock924. If die request is 
foranMISU 66, diannel manager 900 sends a message to die requestor diat die 
request has fiuled at block 926. 

If; at block 924, channel manager determines that the request is fisr an HISU, 
then channel manager 900 selects a different subband at block 928 by wei^iing die 
criteria as described above widi respect to selecting a subbanl Channel manager 
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900 fuftber marks the channels unavailable in the new subband at block 930 and 

fif^W^f^ channels allocated to the ISU in the prior subband at block 932. At 

block 934. channel manager 900 assigns the new subband and proceeds to allocate 

channels as necessary at blocks 916 and 918. 

An example of reassigning an ISU to a new subband to accommodate a 

request for a payload channel is shown in Figures M and 67. In diis example, ISUs 

A. B. C. and D ate initially assigned to subband 4 and ISUs E, F, and O ait assigned 

to subband 17 as dq)icted in Figure 66. In subband 4. all payload channeU except 

payload channel 0 are allocated. In this case, channel manager 900 receives a 

request for two payload channels for ISU C. Since only one payload channel is 

available, ^h««t«*» manager 900 reassigns ISU C to subband 1 7 which has sufficient 

payload channels available to handle the current load of ISU C plus the additional 

two payload channels as shown in Figure 67. 

QUOdJBBllflfiltiQO 

Channel monitoring and allocation or reallocation based thereon nuQf be used 

to avoid ingiess. External variables can adversely afieet the quality of a giveo 
I'hatmei These variables aic numerous, and Can luge from eleOroiiuigiietic 
intetfeitace to a physical break in an optical fiber. A physical break in an optical 
fiber seven the communication link and cannot be avoided by switching channels, 
however, a channel which is electrically interfered with can be avoided until the 
interference is gone. After the interference is gone die channel could be used again. 

Channel monitor 900 monitors the payload channels for enois to help in 
detennining which e*ftt«ei« are acceptable for transmission for specific services. 
One input to channd manager 900 is parity etms wliich are available fiom 
hardware per the DS(H- channels; the DSO^ channels being 10^ channels with one 
of the bits having a parity or datt integrity bit insetted in the diannel u previously 
disCTMi ffd - The parity error information on a paitieulardiannel is used as raw data 
which is sampled and integrated over time to anive at a quality status for that 
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channel, in om cmbodimcm, parity cron thit ait detected on <k)wn^^ 
channels are communicated to bead end 32 over an uso ci a te d upstream channel. 
When the error is detected in the downstream transmission, the parity bit for the 
upstream transmission is corrupted by intentionaUy setting the parity bit to the 
wrong value to indicate the incorrect parity in the downstream transmission path. 
Thus, the ISU informs the head end of errors in the downstream path. 

To monitor the payload channels, channel manager 900 needs an active 
upstream signal on enchpayload channel. However, at any given time, some 
payload channels may not be aUocated and some allocated dianneb may not be 
active. Thus, these payload channels do not provide the necessary upstream signals 
to the hf rf end to monitor the quality of the payload channris To compensate for 
these idle and unallocated payload channels, channel manager 900 places these 
channels in loop back mode to monitor the quality. In diis case, channel manager 
900 sets up the payload channel transmits daa to the ISU on the payload channel 
and the ISU transmits back ^ecified data on an associated upstream payload 
rh^ntigi Channel inanager 900 inonitors these channels at the head end to 
determine error rates for the channels. Tlius, the unallocated or idle payload channel 
can be momtoied for errors the same as with active channels. The goal of channel 
manager 900 is to have payload established on aU of the payload channels at a given 
time. However, it may be acceptable to monitor the performance ofeach channel at 

least once an hour if not active. 

Channel manager 900 randcunly selects and uses ISUs to monitor payload 
chaniKb in lo<q)back mode described above. This provides sevenl benefits to the 
system. First, thb allows channel manager to handle the diverse layout of a cable 
plant Channel inanager 900 sets up and uses paths over different legs from the 

various ODNs of the system. Further, random cycling of the ISUs used in the loop 
back mode aUows the system to property distribute power in the coaxial networiL 

Specifically, this random selection of ISUs for loopback mode appUes to 
concentration type services. 
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As described below, lonK ISU$ are powered down wben not icdve. When 
the ISU is powered down, the upstream modem at the head end detects this 
condition and sends a specified signal to the CXMC so that channel manager does 
not use the ISUfior loop back purposes, "nius. powered down ISUs do not produce 
unnecessary errors. 

Figure 68 is a flow chart diat illustrates a method for monitoring payload 
channels by channel manager 900. Channel manager 900 rea^ parity error registers 
oftheCXMU 56 are read every 10 milliseconds. OeaenUy. the error counts are 
used to update the channel quality database and deteiniae which (if any) channels 
require reallocation. The database ofchannel manager 900 contains an ongoing 
record of each channel. An accumulator sums the errors with pceviously recorded 
errors to update the database. The database organizes the history of the channels in 
categories such as: current ISU assigned to the channel, start of monitoring, end of 
monitoring, total error, errors in last day, in last week, number of seconds since last 
error, severe errors in last day, in last week, and current service type, such as ISDN, 
assigned to the channel. When the channel is a regular (non-loop back) payload 
channel, channel manager 900 determines whether the performance statistics in the 
database are within service specific threshold. When the statistics unacceptably 
exceed the duesbold, channel manager 900 reallocates the channel using a "make 
before btcak" procedure to reduce the disruption fiom reallocating the channel. 
Thus, manager 900 allocates the new payload chatmel for the connection 

before deallocating the cutrem payload channel 

Two issues ^mi iriUfnl by periodic parity monitoring as described above must 
be addressed in (Rder to estimate the bit error rate coiresponding to the observed 
count of parity ent»s in a monitoring period to determine if a chatud is oonupted. 
The first is the nature of parity itself. Accepted praetioe for data fetinats using block 
error detection assumes that an etrored block represents one bit of error, even 
though the enor actually represents a large number of data bits. Due to the nature of 
the data transport system, errors injected into modulated data are expect e d to 
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nndomizie the diu. This means that the average errored frame will consist of four 
(4) errored data bitt (excluding the ninth bit). Since parity detects only odd bit 
errors, half of aU erorod frames are not detected by parity. Therefore, each parity 
(frame) error induced by transport interference represents an avenge of 8 (data) bits 
of error. Second, each monitoring parity error represents SO frames of data (10 
ms/12S |is). Since the parity error is latched, all errors will be de tecte d, but multiple 
errors will be detected as one errot. 

The bit error rate (BER) used as a basis for determining when to reallocate a 

channel has been chosen as 10^. Therefore, the acoepcable number of parity errors 
in a one second interval that do not exceed 10"' must be determined. To establish 
the acceptable parity erron, the probable number of frame errors represented by 
each observed (monitored) parity error must be predicted. Given the number of 
monitored parity errors, the probable number of frame erron per monitored parity 
error* and the number of bit errors represented by a frame (parity) error, a probable 
bit error rate can be derived. 

A statistical technique is used and the following assunqitions are made: 

1. Errors have a Poisson distribution, and 

2. If the number of monitored parity errors is small (< 10) with 
respect to the total number of "sanvles" (100), the monitored 
parity emv rate (MPER) reflects the mean frame error rate 
(FER). 

Since a monitored parity erm (MPE) represents 80 frames, assumption 2 implies 
that the number of frame errors (FEs) "behind"* each parity error is equal to 80 
MPER. That is, for 100 parity samples at 10 ms per sample, the mean number of 
frame errors per parity error is equal to 0.8 times the count of MPEs in one second. 
For exasq)le, if 3 MPEs are observed in a one second period, the mean number of 
FEs for each MPE is 2.4. Multiplying the desired bit error rate times the sample 
size and dividing by the bit errors per frame error yields the equivalent number of 
frame errors m thesan^>le. The number of FEs is also equal to the product of the 
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number of MPEs ud tbe number of FEs per MPE. Given the desired BER, t 
solution set for tbe following equition can be determined. 

kiPE 

The Poisson distribution, is follows, is used to compute tbe probability of a given 
number o f FEs represented by a MPE (x). and assumpcioo 2, above, is used to arri ve 
at the mean number of FEs per MPE (m). 

x! 

Since the desired bit error rate is a maximum, tbe Poisson equation is applied 
successively with values for % up to the maximum number. Tbe sum of these 
probabilities is the probability that no more than % fiv^e errors occurred for each 
monitored parity enor. 

Tlie results £9r a bit error rate of 10^ and bit erxon per fiame enor of 1 and 8 

are shown in Table U* 



Table 11: BU Error Rate Probabittty 
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2.4 
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3.2 


38% 
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8 


8 


6.4 


80% 


9 


7 


7.2 


56% 


10 


7 


8.0 


4S% 



Using this technique, a value of 4 monitored parity errors detected during a 
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one second integradon wis detennined is tbe threshold to reallocue service of an 
ISU to a new channel. This result is arrived at by assuming a wont case of 8 bit 
em)n per frame encr, but a probability of only 38% that the bit enor 
than 10*^ Tbe product of tbe bit errors per frame, monitored parity etron and 
maximum frame errors per monitored parity error must be 64, for a Mt error rate of 
10-^ (64 errors in 64k bitt). Therefore, when tbe sampling of the parity errors in tbe 
error timer event is four or greater, the channel allocator is notified of a corrupted 

chacmel. 

r><;n f«>rdgmtg 

Some telecommunications services use multq)le DSOs (payload channels) to 
form a communication link in communication system 10. For example, ISDN uses 
diree DSOs to form three payload channels identified namely as Bl, B2, and D. To 
operate property, the DSOs typicaUy are assigned in a specific sequence. Oncethe 
payload for the service are assigned, the channel unit a sso ciato d with the 

service expects to receive the payload channeb in a vectfic order. Whenoneofthe 
payload channels beoMnes corrupted, channel manager 900 allocates a di ffer e nt DSO 
channel for the corrupted channel and die sequence of the DSOs is altered. 

This problem could be avoided by reallocating all three DSOs. However, this 
is a time consuming process and could cause transient disruption of the service. As 
an alternative, manager 900 can assign an address to the DSOs when the 

multiple DSO service is initiated. This address can be used by the channel unit to 
reconstruct the Oder of the DSOs on tbe fly if one or more of the DSOs is reallocated 
out ofsequeaoe with tbe other DSOs. For example, in the channel enable signal 
from OCMU S6 on tbe IOC channel a BIC state signal can be used to i^ 
correct order for each DSO. Thus, channel manager 900 can aUocate tbe DSOs in 
any order and the channel unit can remap the DSOs to the correct order at the ISU. It 
is noted that die DSOs must still be allocated in different time slots. 
TST J Data Link ffPT rhwrnel 

The IDL is a standard payload channel that is dynamically awignwl to 
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transmit control data between HDT 12aDdISU 100 when tbe amount of data 
exceeds the parameters of the lower bandwidth IOC channel Tbe IDL channel can 
provide full duplex communication or simplex broadcast from HDT 1 2 to one or 
more ISUs 100. Channel manager 900 dynamically allocates the IDL channel as 
needed for non-time critical transport of data as described above. 

The IDL tnessages in both directions are variable in length. TbelDLdauts 
transmitted over HFC distribution network 1 1 at a rate of 64 Kbps which is one byte 
per 8 kHz frame. The IDL channel uses one of the 240 payload channels and the 
protocol for transmitting IDL messages is handled by the processor on CXMU S6. 
The processor uses cyclical redundancy codes (CRC) and positive acknowledgments 
to nuuiage error chrrking of IDL messages. 

The IDL channel can be used to transmit various kinds of data. For example, 
the IDL channel can be used to provide data to an ISU to configure a payload 
channel f(^ use with a ^ecific protocol. For example, tbe IDL channel can be used 
to down load data to configure a payload channel for use with the LAPB protocol or 
any other appropriate protocol including proprietary protocols. Similarly, the IDL 
channel can be used to download software to an ISU. 

Transmission over the IDL channel has a lower priority than regular payload 
transmissions. Thus, channel manager 900 deallocates an IDL channel before 
completion of the data transmission when channel managa 900 receives a request 
that requires use of the payload channel that is currently allocated to the IDL. 

Figure 69 is a flow chart that illustrates an embodiment of a method for 
allocating a payload channel to ttie ISU daulinL At block 330a, channel manager 
900 receives a request for an IDL channel. At block 332a, channel manager 900 
determines whether a payload channel is available. If a payload channel is 
available, channel manager 900 allocates the payload channel to the IDL channel 
and the data is transmitted to the identified ISU. It however, a channel is not 
available, channel numager determines whether one of the allocated channels is idle 
by checking the hook state ofa line ofa channel unit If the line is on hook, then 
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choad maoager 900 ledlocates the chinnd 10 the mL cbuM 
nnsmusonis complete. Ifhowever.ehianeiiMMger receives » request fort 
coinmuiucatioii liok to the line of ifae cbinnd unit, chumd na^^ 
IDL channel and Tcalloeites the ptyloid ehnnel to the chnDel unit. 
Power Down 

Channel manager 900 can power do«« an ISU during periods of nooHise to 

reduce energy costs of craununication system 10. To power down the ISU, channel 
manager 900 must determine tfiat all eooditiMis for powering down the ISU are BMt 
For example, channel manager 900 can detetmiae if the lines of the channel units of 
the ISU provide service that can be powered down. Such services may include, for 
example, analog services such as POTS nd COIN. Further, the lines must be idle. 
For example, channel manager 900 can deiennine if a line is idle based on the line's 
hook stems or other appropriate criteria. Channel oaanager 900 checks the staais of 
the lines each time a line goes fiomofr-hook to oii*liook. Channel manager 900 
funher checks the stttusoftfae lines every second to ffloaitor the hook stams. his 
noted, however, that channel manager 900 will not power down an ISU that is the 

monitoring ISU for a siAband. 

When channel manager 900 determines that an ISU can be powered down. 

the ISU's transmitter is disabled. Head end 32 detects die loss ofpower to the ISU 
and sends an idle peoem (^stream to the switch. An IOC oontnrf message to of 
fiom the IOC will powcr*up the ISU. The IOC traffic to or fiom the ISU indicates 
to the boekgreund task in charge of powering down ISUs to cheek tite ISU against 

the criteria for powering down again. 

It is understood that dw above descripdon is intended to be illustntive, and 
noties&ictive. Many other embodiments will be apparent to those of ddU in the art 
upon reviewing the above descriptioo. The scope of Oe invention should, teefbre, 
be determined widi re f erence to the appended claims, along with the full scope of 
equivalents to which such claims are entitled. 
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p,»th#r Pinho4 ifp*"t of Tetephmiv Tfnmort Svitem 

Vidi itfertDce to Figure 1 16. • genenl deschpdoD of t hybrid 
fiber/coax communiettioos netwoik 1006 in aoooidaaoe wiifa die present invention 
shall be described. Telepbony and video infonnatioo from easting telephone end 
video services geoenUy shown by mnk line loot is neeivBd by and pcocessed by 
bead end 1010. Hend end 1010 includes a plurality of host distribution tenninals 
(HDT) 1012 for tel^bony data interftoe and video host disBibutimtersunal 
(VHDT) 1014 for video data inierftce. Host distribution tenninals 1012 and VHDT 
1014 include transmitters and leceiven for ccMnmunteiting the video and tele^ny 
information between die video and telephony signal £stribution netwmk 1 006 in 
accordance widi die presem invendon and die esdsdng telephoiqr and video services 

as represented generally by tiuik line 1008. 

The video information is opdeally transmitted downstream via 
opdcil fiber line 1017 to splitter 1018 which splits the optical video signals for 

plunlity of opciol fiben 1022 to a phmlity of optical disoibutioD 
nodes 1026. Tlie HDT 1012 tzansnhs opdcd tdeplmy agn^ 
link 1020 to the opdcaldism'bution nodes 102^^ ne optical distribution nodes 
1026 oonvcn tbe optical video signab and telephony signab tiansn^ 
dectrical outputs via a coaxial distribution system 1007 to ^ 
units 1041 The dectricaldownscream video and telephony signals are distributed 
via a plurality of cotsdal lines 1 029 and coixial taps 1034 of Oe coaxial distribution 
system 1007. 

Ibe remote units 1042 include ineans for transmitting t^kstream 
dectrical data signals including telephony information from tdqdxmes 1076 and 
data terminals 1073 and in addition may indude means for transmitting set top box 
information from set top boxes 1078. The upstream electricd data signals are 
provided by aplurality of remote units 1042 to an opticd distribution node 1026 
connected ttiereto. The opticd distribution node 1026 convera the upstream 
dectricd data signals to an upstream opticd data signd for transmission via opticd 
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fiber link 1020 to the head end 1010. 

Tbe pctsem tDveadoo shaU now be described in funher d 

with refercooe to Figures 116-123. The fim put ofthedeecripdooshaU primarily 

deal with downstream tnmsoussion and the secood part of the descriptioo shall 

primarUy be with regard to upstream transinissioiL The video and tel^booy 

distribution iiecworic 1006 m acGordatice with the presem 

end 1010 which leodves video and tel^bosyinfocmatioofiomvi^ 

service pcoviden via trunk line 1008. Headend 1010 inehides a plurality of host 

distributiMterminab 1012 and a video host distribution terminal 1014. TheHDT 

1012 includes a transmitters and receivers for communicating telephony 

information, such as T 1 . ISDN , <ff other data services information, to and from 

telephony service providen vu trunk line 1008 and the VHDT 1014 includes a 

transinxttess and recovers for communicating video infixmatioi^ 

video information and internctive data of subscribers to and from video ser 

providen via tnmk line 1008. 

The VHDT 1014 transmits downstream opdcal signals to a 
splitter 1018 via video feeder optical fiber line 1017. Tlie passive optical splitter 
1018 effectively makes four copies of the downstream high bandwidth opticd v^ 
signals. The di^licated downstream optical video signals are distributed to the 
Gorre^ondinglyconDBCted optical distribution nodes 1026. One dolled in the art 
will readily recognise that although four copies of the downstream video signab are 
created, that ariy inmiber of cqnes may be made by an ^ipropriate spli^ 

the present tirveotion is not limited to any q>ecific number. 

Tltt flitter 101 8 is a passive nteans for splitting brond band 
<^cal aignals widftout the need to employ expensive broad band optical to dec^ 
conversion hardware. Optical signal splitters are comnmily known to one skilled in 
the art and available from numerous fiber optic component manufecturers such as 
Gould, Inc. In the attemative, active flitters may also be utilised. Inaddition,a 
chain of passive or active flitters would furtiwr nutti|rty the msnber of 
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duplicated opwtl signals for appiieadoo to an additiooal number of optical 
disBibution nodes and therefore increase further the remote imits serviceable by a 
single bead end. Such alternatives are contemplated in accordance with d>e present 

invention as described by the accompanying claims. 
5 The VHDT 1014 can be located in a central office, cable TV 

head end, or a remote site and broadcast*^ to about 112 NTSC channels. The 

VHDT 1014 includes a transminion system like that of a LiteA^^™ system 
available fiom American Lightwave Systems, lac, amently a subaidiafy of the 
assignee hereof. Video signals are transmitted optically by amplinide moduUtion 

JO of a 1300 nanometer laser source at the same fiequency at which the aignaU are 

received (i.e. the optical ttansaaissiMi is a terahertz ^cal eanier which is 
modulated with the RF video signals). Ute downstream video tmsaussion 
bandwidth is about S4-72SMHr One advantage to using the same frequency for 
optical transmission of the video signal as the frequency of the video signals when 

15 leceived is to provide hi^ bandwidth transflussioa with reduced eoovenm 

expense. TUs same-fiequeDcy transmission appcooeh means that the modulation 
downstream requires optical to electrical conversion or proportional ooavcrsion with 
a pbotodiode and perhaps ampliScation. but no frequency coovcnion. Inaddition. 
tiiere is no sample data bandwiddi reduction and little Ion of resohitioa. 

20 Alternative embodiments oftfae VHDT may eai9loyodier 

modulation and mixing schemes or techniques to shift the video signals in 
fiequeacy, and odier encoding methods to transmit the information in a coded 
foaam. Swh titrhniqirT ""^ «rK#tn#« for wmminiiig mdof video data, in addition 
to those transmitting digital video data., are known to <ne dolled in die an and are 

25 contemplated in accordance with the spirit and scope of the presett inventim as 

described in the accompanying claims. 

Telephony information is transmitted downstream by HDT 
1012 via optical fiber link 1020 to a corresponding optical distribution node 1026. 
A more detailed block diagram of one of the KDTs 1012 is dwwn in Figure 1 17. 
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Each HDT 1012 includes an RF modem bank lOSO which lecdves telepboay 
infonnatkm via trunk line 1008. Tlie RF modem bank 1050 include* four RF 
modem module* 1052 and a protection modem module lOK EachRF modem 
module receives tele^wny information, for example time division mult^kxed 
channel lignaU from a pubUc switched telephone sernoe, vU ttunk line 1008 and 

the telephony information modulates an analog carrier for transmission of the 
downstream optical telephony data by downstream optical lelephoBy Bansmitter 
1080 of downstream telephony electrical to optical convener 1064 to a 
corresponding distribution node 1026. Each RF modem module inchides a 
tnnscdver 1053 and provides a downsseam electrical telephony aignal in one of 
four frequency bandwidths, each bandwiddi being about 6 MHz in width like that 
ofaCATVchannd. Endi 6 MHz bandwidth channel transmits data at 22 Mbita/sec 
and can provide for ttvismiasion of 8T1 digital telepboae signals; Tl being a 
conventional telepboae signal where 24 voice channels art sampled at an 8 kHz rate, 
with 8 bits per sample (enefa 8 bit convcnatioo sample is tennad a DSO). Eaehof 
tbese signals fi«n the fow RF modem modules 1052 are mmmittad via coax paieh 
cables to a combiner 82 of downstream telepboay eleeoical to optical convener 
1064 for ttansmiasioa by optical transmitter 1080. Therefore, the speetram for the 
downstream optical telephony data is four separated 6 MHz frequency bands 
containing 22 Mbita/aec of data within cKh 6 MHz bandwidth. 'niefov6MHz 
frequency bands, slanted by a guard band as is known to one skilled in the ait. are 

transmitied in aboot the 725400 MHz bandwidtfi. 

Any number of modulation tecfantqin may be used fiv 
transmissioa of the telephony information downstream. The transmission 
downstream is point to multipoint transmission using broadcast type transmission 
schemes. The modulation techniques utilized and performed by RF modem module 
1052 may include quadxa&oe phase shift keying (QPSK). quadrature amplimde 
modulation (QAM), or other modulation techniques for providing the desired data 
rate. Modulation techniques, such as QPSK and QAM. are Imown to those akiUed 
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in the irt and the present mvennon eontemplttes the use of any luc^ 

techniques for downsntam broadcMt woaniwoa 

The electrical to optical convener 1064 iaehides two 
nnsminers 1080 for downstream telephony transmission to pratea the telephony 
data transmitted. Hiese ttansmitten are conventional and relatively inexpensive 
ninow band laserttansmitters. One transmitter is in standhy if Ibe other is 
functioning property. Upon detection of a fuilt in the opentingwnmitttr, 
controller 1060 switches ttinsmission to the standby wnmter. lncoHtnst,tbe 
transmitter of the VHDT 1014 is relatively estpemive as compared to the 
transmitters of HDT 1012 as it is a broad band analog DFB laser trwwnitter. 
•nwefore. protection of the video infoimation. non-essential services unlike 
telephony data, tt left unprotected. By spUtting the telephony data transmission 
fiom 4e video dau transmission, protection for the telephoiv data alone can be 
achieved. Ifthe video data infmmation and die telephoity data were transmitted 
over one optical fiber line by an expensive brood band analog laser, economies may 
dictate that protection fiortri^hony services mv not be possible. IhetefiMe. 

sqMsation of such mnsmission is of importance. 

As an alternative embodiment fior providing transmission of 
optical video and telephony signals to the optical disoibntioa nodes 1027 firom head 
end 1010 as shown in Figure 120. the HDT 1012 and VHDT 1014 can utilize the 
same optical tnnamitter and the same opbcal fiber line 1016. The signal then is 
split by splitter lOlt and fow split signals are provided to die optical distribution 
nodes 1027 for distribution to the remote units 1042 by the coaxial distribution 
system 1007 as filtdier discussed below. However, as described above, the optical 
transmitter utilized would be relatively e>q>ensivc due to its brood band capabilities, 
lessening the probabilities of being able to afibtd protection for essential telephony 
services. 

As one skilled in ^ art will recogmze, optical link 1 020. as 
shown in Figure 117, may include four fibers, two for tr ansmis s i on downstream 
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ftometoctricil to opdcd convener lOMiiidtwoforttinsmissionuparBiBito 
opdeil to elcctricil convener 1066. Withtheu3eofdiiectiooidcouplen.uie 
number of tudifiben may be cut in half. In addition, the number of protection 
tiwumitien and fiben utilized may vary tt tawwB to one skiUed in the an and any 
S listed number is not limiting to tbe present inventioa as described in the 

accompanying claims. 

RF modem bank lOSO includes a prateoiooRF modem module 
10S4 with a transceiver 10S3 connected to combiner 1012 of deeoical to optical 
convener 1064. Protection RF modem module 10S4 is liatber coupled to coniroUer 

IQ lOM. When a ftult is delected with regard to the sansmission of one of die RF 

modem modules 1052. a signal is generated and applied to an input 1062 of 
controller 1060. Controller 1060 u alened to the fiuh and provides appropriate 
agnaling to switch tbe protection RF modem module 1054 for the finilted RF 
modem such diat the protection RF modem module 1054 tnnamits within die 6 

15 MHz bandwidth oflhetehedRF modem module 1052 so that the four 6 MHz 

baadwidih signal tnnniission is continued on optical iber link 1020. Iteuseof 
one protaetiooRF modem module 1054 for four RF modem modules 1052 isonly 

one embodiment of the present invention and the number of protection RF modem 
modules relative to RF modem modules may vary as known 10 one skilled in the an 

20 and described in the aocon^ianying claims. As shown in Figure 123, RF modem 

bank 1050 may iaefaide one protection module 1054 for each RF modem module 
1052. Intfiiseatbodimeat, the RF modem bank 1050 includes three RF modem 
modules 1052 and tfoee protection modules 1054fOTone4o-oaeprotectioiL 
An optical distribution node 1026 as diown in Figure IIS 

25 receives both the downstream optical tele^iony signal and the split downstream 

optical video signaL Tbe downstream optical video signal is applied by the ^cal 
fiber 1022 from fitter 1018 tea downsueam video receiver 1120 of optical 
disiributim node 1026. The optical distribution node 1026 forther includes 
downstream telqriiony reoeiva 1 121 for receiving the downstream optical telepbray 
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signal on opdctl link 1020. The optical video receiver 1120 utilized is like that 
aviilable in the LiteAMp^ product line available from American Lightwave 
Systems, Inc. The convened signal from video receiver 1 120, propoitionaUy 
convened utilizing photodiodes, is applied to bridger amplifier 1127 along with the 
S convened telephony signal from downstream telephony receiver 1121. Ibe 

bridging amplifier 1 127 simultaneously applies fim downstream electrical 
telephony and video signals to diplexfilten 1134. Ibediplec filters 1134 allow for 
full duplex operation by separating the transmit and receive ftmctions yMben signals 
of two different frequency bandwiddis are utilised fiv i^stream and ^ 

10 transmission. There is no frequency conversion p er fo rmed at the optical distribution 

nodes with re^KCt to tfie video or downstream telephony signals as the signals are 
passed throu^ the optical distribution nodes to the remote units via the coaxial 
distributicm system in the same frequency batkdwidth as they are receivod. 

After the optical distribution node 1026 has received 

IS downstream optical video signals via optical link 1022 and downstream optical 

telei^xmy signab via c^cal link 1020 and such rignaU are converted 
downstream electrical video and tele|dxmy signals* the fiw ou^iuts of the optical 
distribution nodes 1 026 are qiplied to four coaxial cables 1 029 of coaxial cable 
distribution system 1007 for trusmission of the downstream electrical video and 

20 telephony signals to the remote units 1042; such tmsmission occurs in about the 

725-800 MHz bndwidth for tdephony signals and abom the 54-725 KCH^ 
bandwidth for the downstream electrical video signals. Endi qitical distribution 
rwde 1026 provides for the transmission over a plurality of coaxial cables 1029 and 
any number of oacpats is contemplated in accordam with the iveseot invention as 

25 described in the aocompanjring claims. 

As shown in Figure 116, each coaxial cable 1029 can provide a 
significant number of remote units with downstream electrical video and tele{diony 
signals throu^ a plurality of coaxial taps 1034. Coaxial taps are commonly known 
to one skilled in the an and act as passive bidirectional pidc«ofi of electrical 
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signals. Each coaxal able 1029 my tavet number of coaxUlapfconoected in 
series, b addition, tbe coaxial cable distribution system may use any wanber of 
■mpliSers to extend the distance data can be sem over the coaxial ponions of tfae 

networic 1006. 

The downstream electrical video and tel^ooy signals are 
provided from the coaxial taps to Uw remote units 1042tnanumberofdifEerent 
ways. In one embodiment, the signal from die coaxial tap 1034 is provided to a 
home integrated service unit 1070 as shown in Figure 119. The home tntegrtted 
service unit 1070 of Figure 1 19 includes a power tap 1099 coupled to a conventional 
powtr supply and ring geoentor 1101. The downstream elecsical video and 
telephony signato ait provided to a tap 1097 for applicatioB of the signab to both 
diplexfilter 11 10 and ingreu filter 1098. The downstream video signal is provided 
from ingress filter 109S to video equipment 1072 via set top box 107t. The 
dowDSOeam telephony signal is applied from diplex filter 1 1 10 to RF demodulator 
1 104 of RF modem module 1 102 and die demodulated signal is ap^ied to an 
applicable service inteiftoe for processing and connexion to user equ^oienL For 
example, the RF deaiodulatad signal is processed via Plain Old Telephooe Service 
(POTS) service interftoe 1 1 12 for output on twisted pairs 1 118 10 tdephoae 1076 by 
POTSconnectioollU. Hie other service iaterfMcs such as ISDN interfKe or a Tl 
intei&oe perform tfwir cMiventiooal fractions as are tawwn to diose skilled in the 

art for transmittal of sudt infonnatimi on outputs diereof to user equipmeaL 
Ingress filter 1098 provides the remote unit 1042 with 
protection against iaterfiBeaee of signals ^lied to the video equipment 1072 as 
opposed to diose provided to odier user equipmea such as telephones or coo^tter 
terminals. Filter 1098 pesses the video signals; however, it blocks those frequencies 
not utilized byte video equipment By blocking those frequencies not used by tfie 
video equtpment, stray signals are eliminated that may intetfore with the other 
services provided by the nerworic to at least die same remote unit 

The set top box 1078 is an optional element in the network 
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1006. It may iflclude an additional modem for sending interactive data therefrom 
back to head end 1010 at frequencies unused by the video and telephony 
tnnsmissions. U|»Beam transmission of such data ufimher discussed below. 

Depending on the modulation processing teduiques utiliad at 
the head end 1010. the RF demodulator 1 104 vimld iadude cocuitnr capable of 
demodulating the modulated signal. For example, if QPSK modulation is utilind 
then the demodulator would include processing dicaitnr eapaWe of d nDo d nl a ring a 
QPSK modulated waveform as is known to one ridlled in the art. 

In another embodimmt of providing downsoeam electrical 
video and telephony signals from the coaxial taps 1034 to remote units 1042. as 
shown in Figure 1 16, a separate coaxial line form eoaxialtap 1034 U utilized to 

provide transmission of the signaU therefrom to set top box 1 078. and thus for 
providing the downsoeam video signals to video equipmett unit 1072. Insucha 
case, a second coaxial line from coaxial tap 1034 would be utilixed te provide the 
downstream telephony signals to a multiple integrated service unit (MISU) 1044 

which would be mudi like the home integrated service unit 1 070 as described with 
regard te Figure 119 except lacking an ingress filter 1098 and ttp 1097. Unlike 
home integrated service unit 1070. the MISU 1044 would be utilized to service 
sevenl remote units 1042 with telephony services via various service interfMCS. 

Whether the video and telephony signals are provided to the curb widi use of the 
MISU 1044 or whether the video and telephony aignals are provided directly to a 
home integrated service unit is strictly rae of appUcatim and either can be utilized 
with icgarf te the same or diffaeu coaxial ttps 1034 and within the same or 

differett coaxial distributiMi systems 1007. 

In addition, an optional network inter&oe device (MID) 1 07S is 
utilized in the conneetioo of tele^wne services te the remote units 1042, whedier 
they axe homes or businesses, as is known te those skilled in die an and as shown in 
Figure 116. The NID is generally shown by blodc 1070 rqveseating tiie home 
integrated service unit but is not shown in the detail of Figure 1 19. The NID 
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perfonns scrace fmcdou for the tele^^ 
stgnab to tbe scmce provida that rtacfa the 

has occurred somewhot io transnission to the NID or to coosections from the NID 
to the user equtpoteot when a ftilure is rqxntod to the aervioe provider. 

The above description primarily involves the downsneam 
nosmissioD of video and telepboay informatioQ from head end 1010 to remote 
units 1042. The iqiraeam transmission of interictive data from aet top boxes 1078 
and other data, fer example telephony from telephoDes 1076, shall now be described 
with refbtaoe to Figures 116-123. The descriptioo diall be limited to transmission 
from remote units via home integrated service units as tranwiiswm from an KflSU 
is substantiaUy similar and easily ascertainable from such descripdon. Home 
integrated semoe unit 1074 provides set top box information from set top box 1078 
and telephony infoimaticm from the service inter&oes 11 12, including information 
from telephone 1076, to the opdcal disoibution mode 1026 craoected thereto by the 

€ami> ffth fff^^ HmuwtfMffi fifiwifwitfii^iw ThC Set tOp bOX SiglUdS 

are trarismitted by a sqwite RF modem of the video service provider at a relativd 
low frequency in the bandwidth of about S to 40 MHz which is unused by tel^^ 
and video services. Tbe telephony signals are also transmitted upstream in the 5^ 
MHz bandwidth, usually from 10 MHz to 30 MHz. This S-40 MHz bandwidth is 
reused in each coaxial path 1029 from each remote unit 1042 to the re^Mctivety 
connected optical distribution node 1026. As such, i^stieam electrical telephony 
data sigiiab from the remote units are transiriitted at the sanie reiiaed frequency 
bandwidth of 5-40 MHz on each coaxial line 1029 for input to the optical 
distributioo node 1026. Therefore, as shown in Figure 118, four t^stream electrical 
telephmy signals, eadi in the S-40 MHz bandwidth, are input to optical distribution 
node 1026, via the re^ectively connected coaxial cables 1029. 

The upstream transmission torn an integrated service unit for 
multipoim to point traiomission utilizes time multiplexing techniques, althou^ any 
of a number of multiple access techniques Imown to those skilled in the art are 
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^^nnplf^ in ^fdMBot with the present invention. All the itmote units are 
dcsigniiedt time slot for tnnsmissioa In such t ctsc each remote unit must 
transmit at ft particular time 10 mitntain multiple access 

suppUed using datt on the downstream paths. The i^stream data is transmitted on a 
bit-by-btt basis. With each remote unit assigned a time slot, the RF modem 1102 of 
the unit knows that it wiU iiot interfot witii die others because it has det 
time delay for each one of them and each RF modem 1102 is signaled to transniit at 
a precise time. Due to the high volumes of multiplexed aerial data from several 
mttimmg fMiflte gMtiiMis and Umitod bandwidth for trensmission, short pulse 
durations are required for better resolution of the data t renmitt ed to the head end 
1010. Although die data modulates a carrier and is transmitted in the 5 to 40 MHz 
bandwidtik by RF modulator 1 1 08, because of the limited bandwidth in the upsneam 
direction, a pulse shying nenwork at each remote unit is used to generate rai^ 
cosine pulses fcM'tite rectangular or square wave bit-by-bit stream of data transmitted 
along the coaxial cable in the coaxial netwnk. 

An opdiDMl pulse shape for tiansmissioQ in a band limited 
coaxial cable network is determined by the use of Fourier calculations witii a given 
set of boundary conditions. Also, the Fourier calculations implement a spectral 
limitation constraint for the purposes of limitii^ the spectral content of the optimal 
pulse shape. Umiting the qtectraJ contem of tiie pulse shape serves two fimcti^^ 
The first ftmetion is to limit tiie spectral characteristics of the optinud pu^ 
order to prtvcm phase diqmion at the recdving end of tiie transnusrion system 
Tbe second benefit from the spectral limitation constraint is to allow ti»e use of 
relatively simple finite in^xilse response filters witii a minimal number of taps. 

In one embodiment of the pulse shaping necworic as shown in 
Figure 12U SO nanosecond pulses from the RF modulator 1 108 of RF modem 1 102 
are transmitted to a pulse sequencer 1301 for unifimn digitization. The ouqxit from 
the pulse sequencer is then appUed to a ten tapped finite iiq>ulse response filter 
filter) 1302 with associated electronics 1303 to provide the addition and subtraction 
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neea«yfor*efilteringpiocesi. Tl« oujpui a $«i to • line driver dwuit for 
o«,p«ttotbe««d.l«blethrougbdipl«fiteinO. opdm.1 pulse ^oro 
U.msed cosine wr^fecm. Using such pulse shaping techoiw ovtxcomes the 
difficulty of s«!ing exiiemdy short pulK duntioD infbn^ 

limited coixiil cible. 

The upsuetm electrical telephooy sigmU fiom • plunUty of 

wwte units, including rigniU ftmn the W nwkn» 1 102 and fiom 

top boxes 1071. a« tiBismiiied to the itspectivdy eoonao^ 
node 1026 as sho«n in Figure 118 via the Individuil coaxial eahte I The 
upaieam dectrical signab are appUed to a dipte filter n34 lespoctivdy «^ 
U) a coaxial cable 1029. One of the diptexfihm 1134 passes the upstream electrical 
telephony signal appUed thereto through to eoobinex 1 125 while the odw diplex 
mten pass the upstream electrical telephoiiy signals appli«l thereto to fiequ^ 
riuftenll2S.1130.and 1131 Frequency shifter 112S shifts the upstream electrical 

leiepheny signal into the 5045 MHz bmdwidtfu 
eaother upstream dectrical telephony signal into Ae 100.135 MHz ba«^ 
fiequency shifter 1132 shifts the other upstream dectrical telephony signal into the 
150-185 MHz bandwiddL llie shifted signds are combined by combiner 1125 and 
provided to upstream telephony and set top control trensmitiets 1123. The 
conventiond opticd tnnsmittere 1 123 tnnsmit the upstream electricd tdephony 
»gMl as an upstream opticd telephony signd to head end 1010 via fiber optic 1^ 
1020. Once agdn. two tittsmitten are availd)le«Brtnnsmission, one in standby 

|ftelM">thgd w i wi«ieam trangnissionpaih. 

The i^stxeam opticd tdephony signds are received by 
upstream tdephony and set top box recdver 1084 of opticd to electricd convener 
blodcl066. The upstream opticdtdephonydgnds are converted, split, and dl the 

spUt dectricd signds in the 5-40 MHz. 5W5 MHz, 100-135 MHz. and 150-185 
MHz are frequency shifted back to the 5-40 MHz bandwidth by fiequeacy shiften 

1086, 1088, and 1090 with the exception of the si^ already in the 5-40 MHz 
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b«Jw«!th i^ch is |«s«d through with the ote fi^^ 
6«^riuft«toRFr*itchl094. A combined fignil in the 5-W MHz 
b«KJwidth ftoo combiner 1092 i.pwvi«led to the VHDT«dt^ 

forobt«ningtheintenctiveinformttiontr««nitiedfi^ 

Itf fwitch 1094 is comrolled by coniroUer 1060 tod pKwdes the upintm 

telephony «ign.U to the tr«»sedv« 1053 of the co(i«4»nding RF modems 1052. 
TlK upstr«n telephony fignib « then demodultted by RF modem modules 10^^ 

«dthetdephoBydmi.p«>videdtotheKryiceFOvidersvi.tri^ "H* 
RF modem modules 1 052 include RF demodutator conespooding to the moduUtion 
techniques utiliiod to tr«»smit the informition upstrem so 

recovered. 

As discuned pievioittly, the cooooikr 1060 switches 
protection RF modem module 1054 for • twiamtring RF modem modute 1052 m 
the downsnenmeommunicttion when efiBilt is detected in th« module. The 
eoniroUer tlso provides figniUng to switching Ibe RF switch 1094 ^ 
iBform«ion which wouM hm been provided to the finitod RF modem 
1052 is ippUed to the tnnsceiver of the protection RF modem module 1054. 

Tl«ef6re, the protection modem module 1054 is th« 

receive 

loopoftfaesysttm. 

As shown in Figure 122, en eltexnttive cmbodimeBl of the 

presem invention includes en optical to electric^ converter 1066 wherein the 
wxived opticd up«iem telephony signal u converted by recovers lOM and t^ 
entile up«r«am eleetrical signal in the 5-200 MHz b«idwidths is applied to ^ 
WBsedvers 1053 oftheRF modem modules 1052. Tlje RF modem modules 1052 
are then opented under control of connoUer 1060 which assigns the RF modem 
module a earier fioquency to nme to for the recovery of telephony inforination; the 
assigned M««cy being a function of the frequency shifting of the upsirem sig^ 
The elecnical signal is still separated and frequency shifted by frequency shifters 
1086. 1088 and 1090 except for the signal alie«iy in tiie 5-40 MHz bmdwidth and 
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tbeo combiaed by combiner 1092 for appUeitioo to VHDT 1014. 

In thii embodiment, the iwitching of the protection modem 

BwdulelOM into the system iiaeeompliiheddiiough the control When 

the controller 1060 detect! and indic«e» • fwlted modem module 1052, the 

5 controUerl060i«gnsthefiw?uencypfeviouily«««igDedtothefiBil^ 

niodule to the protection module. Aw earf>li«hing the protection RF modem 

module 1054 ftilly within the trananit and receive loop. 

In another embodimem shown in Figuro 123 iadudiag one^o- 

one protection fer the RF modem module, orither the W switch .«ed for prote^^^ 
10 switching for the configuration of Figuie 123 nor the additional control roquirod for 

protection switching for the configuration of Figwe 122 is necessary. In this 
embodiment, the same dectrical signal provided to the W modem modules 10^^ 
applied to the oonesponding protection module 1054. thus only a comrol signal 
indicting which module is to be used for transmission or reception is required for 

IS the one4o-ooe protection. 

It is to be understood, however, that even though nunerous 

characteristics of the present invention hive been set fiBfth in the foregoing 

description, together with details of the stnicnae and fimction of the inveatien. the 

disdoswe is OlusBative nd changes in matters of shape, sixB, number, and 

20 arrangement ofthe elements may be made within the principles ofthe invention and 

to the fiill extent indicated by the broad generel meaning of the tenns in which the 

gppgniiBg claims are I 



